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1 Audiotester Setting 


11 Connect DUT with PC 


1. Connect the DUT to PC and select USB log or set usb function to debug mode in DUT. 
2. Then check device manager in your PC. You will see the DIAG port in port setting.See Figure 1. 
If not, Please install SCI-USB driver which sent with audiotester tool together. 


Ey LE TERR 
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€ doll? o & 
3 3 yuanyaoyangpc 
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Cg IDE ATA/ATAPI 32:888 
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> a KEKR 
E Expo 
4 "3 550 (COM fI LPT) 
Y SPRD AT (COM214 
SPRD WCN AT (COM216) 
Y SPRD WCN DIAG (COM217) 
X9! giis L1 (COM1) 


@ ERES 
B 


ree 


Eres 


W 


Figure 1: USB serial port 


3. Double-click Audio tester.exe , Open Audiotester tool. 

4. Select SPRD DIAG (COM215) in UART port option! menu, set the Baundrate to 460800. 
5. Select SmartPhone or FeaturePhone before you start tuning. 

6. Click "Connect button”. 


& 
SPREADTRUM Doc. No. 
Version: V1.1.5 


Confidential Level: 


Settings 


rChannel Server 


IP Address [127 .0.0.1 Port 36666 Connect 


Get Audio mode information 


Get Music mode information Hang up 


@ SmartPhone C FeaturePhone 


EE CONNU 
tert sis Control by  |DSP y 


Select ADB 


ADB Pull 


Suggestion: A best resolution is: 1280*1024 


Clear log | About... | 


Figure 2: AudioTester Configuration 
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2  Audiotester operate 


2.4 Interface introduce 


Click "Connect" button, You will see Figure1-3 
1.Click "Get Audio mode information" button, Load the voice call / Loopback parameters & VOIP parameters of all mode 
from DUT, Also will load the voice record & video record parameters when feature phone. 
2.Click "Get Music mode information" button, Load the music playback & FM parameters of all mode from DUT, Also will 
load the voice record & video record parameters when smart phone. 
3. "Mack call" button, Input the phone number in the frame at the rightside of "Mack call" button, then click "Mack call" 
button. DUT will make a call with the phone number. 
4. "Hang up" button, Stop call. 
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"Spreadtrum AudioTester [s] [mem 


Settings | 


Channel Server 
IP Address [127.0.0.1 Port 36666 d 


UART 


Port SPRD DIAG (COM215) v| Baudrate [160800 Disconnect 


Get Audio mode information Make call | 


Get Music mode information 


@ SmartPhone C FeaturePhone 


Export 
Import Control by [DSP E 


Suggestion: A best resolution is: 1280*1024 


Connect with CS 


Clear log About... 


Figure 3:interface of audiotester tool 
2.2 Mode introduce 


1.In Audio mode information we supprot next mode: See Figure 5 
a. Handset: Voice call of receiver mode for GSM & Narrow band WCDMA 
b. Handsfree: Voice call of speaker mode for GSM & Narrow band WCDMA 
c. Headset4P: Voice call of 4 pole earphone mode for GSM & Narrow band WCDMA 
d. Headset3P: Voice call of 3 pole earphone mode for GSM & Narrow band WCDMA 
e. HandsetTD: Voice call of receiver mode for TD 
f. HandsfreeTD: Voice call of speaker mode for TD 
g. Headset4PTD: Voice call of 4 pole earphone mode for TD 
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h. Headset3PTD: Voice call of 3 pole earphone mode for TD 

i. HandsetWB: Voice call of receiver mode for Wide band WCDMA 

j. HandsfreeWB: Voice call of speaker mode for Wide band WCDMA 

k. Headset4PWB: Voice call of 4 pole earphone mode for Wide band WCDMA 
|. Headset3PWB: Voice call of 3 pole earphone mode for Wide band WCDMA 
m. BTHSD8K: Voice call of 8K BTHS mode 

n. BTHSNRECDSK: Voice call of 8 BTHSNREC mode 

o. BTHSD16K: Voice call of 16K BTHS mode(For the BT Headset supporting 16KHz sample) 
p. BTHSNRECD16K: Voice call of 16K BTHSNREC mode(For the BT Headset supporting16KHz sample) 
q.HandsetVOIP1: VOIP call of receiver mode 

r. HandsfreeVOIP1: VOIP call of speaker mode 

s. Headset4PVOIP1: VOIP call of 4 pole earphone mode 

t. Headset3PVOIP1: VOIP call of 3 pole earphone mode 

u. BTHSD8K VOIP1: VOIP call of 8K BTHS mode 

v. BTHSNRECD8K VOIP1: VOIP call of 8K BTHSNREC mode 

w. BTHSD16K VOIP1: VOIP call of 16K BTHS mode 

x. BTHSNRECD16K VOIP1: VOIP call of 16K BTHSNREC mode 

y. HandsetLoopB: Loopback for receiver in factory mode 

z. HandsfreeLoopB: Loopback for speaker in factory mode 

aa. Headset4PLoopB: Loopback for 4 pole earphone in factory mode 

ab. Headset3PLoopB: Loopback for 3 pole earphone in factory mode 
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Settings Handset | Handsfree | Headset 4P | Headset 3P | Handset TD | Handsf reeTD | Headset 4PTD | Headset 3PTD | H*|* 
Wat dog 


sound effects = - = - ren 
Age Switch Agc ZC Switch Lof Switch Agc input gain Age start gain |lcf position | >] 


mp3 [on >] [ott >] [o >] [| ^ dB [D ^ dB |vds position|betore asc y 
midi [ott -] [ott -] [ott >] [D ^ dB [D ^ aB (eq select [ro Nuii v| 
mpå [off - [ott >] [ott >] [D ^ dB [D ^ dB Show Graph EQ Set 
voice [o] + [ott >] [m z] [2 dB [tn dB |Type [0 <| Volume Set 
channel sel left [Ly polar left [+ > agc attack O ms agc hold hc [p ns 
channel sel right Eo a polar right [+ z] agc release [D ms agc_sdelay [0 ms 
mixer-2 sw [ott y] 
-Product info 
Dac Set | Path Set — | Àdc Set SideTone y 
dl PGA gain | AEC [External y]  SideTene EQ [ott x 


Gain 
Downlink ALC | Uplink ALC Sidetone NG | 


EQ ——— 


Downlink EQ | ASP Uplink EQ | 


DL FIR | UL FIR ST FIR | 
DL CNG | UL CNG 


NXP i 
AEC NEP EQ | NXP TX 


DL Clarity | UL Clarity | NXP RX 


r Command 


Volume control | Volume config 
Speaker off Mute | -| NXP VOICE Boost CTL | 


Read audio dsp mode name from phone: 

Execute command successfully! (CMD: AT+SADM=1,27) 
Read audio_dsp structrue from ram: E 
Execute command successfully! (CMD: AT+SADM=2,27) 


Clear log | About... 


Figure 4:Audio mode information 


2.In Audio music information we supprot next mode: See Figure 6 


a. Headset:Support music playback parameters & FM parameters, And voice record parameters for smartphone. 
For earphone mode. 


b. Headfree: Support music playback parameters for incoming ring tone. 
c. Handset: Support music playback parameters for Keytone from receiver case. 


d. Handsfree: Support music playback parameters & FM parameters, And voice record parameters for smartphone. 
For speaker mode. 
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Settings Headset |Headfree | Handset | Handsfree | 


da SG 

-device-— E —— - j 
input select VB AD MIC INPUT +] 

'WWB_DA_AUX OUTPUT +] 


device type 


record E dal reverse |AUD DAO REVERSE EN -] 
record linein — =e 
default dal reverse AUD DA1 NON REVERSE M 
default stereo output [|VB AUD NON STEREO -] 
default a= 

default speaker amp AUD SPK AMP EN v 


default - headset amp  [AUD_ HEADSET NON aMP +] 
mixer input — [AUD LINEIN MIX INPUT v] 


-sound effect- 
noise gate(NG) HP Inner PA| 
format [mp3 -] lcf set eq set | ale set record dp | Limit D dB(<=0) 
app gain 
post process [pass -] 


app 
app type eq sel [EQMode Sel Regular y] 
-file 
mp3 gain 0 dB 


This mode is for normal midi gain |0 dB 
amr gain ü dB 


Volume level Vdg(dB) |HP G(dB DAC (db Volume va 
0.0 i 


0x801807a 


Execute command successfully! (CMD: AT+SPENHA=1,0) 
Read tunable eq(8800G) structure from ram: [s] 
Execute command successfully! (CMD: AT+SPENHA=1,1,1) e 


Exit Clear log | About... 


Figure 5: Music mode information 


23 Write & Read parameters 


1.In audio mode, We support four button to Write& Read parameters. 
for example: In handset mode.We have four button for Write parameters to DUT or Read parameters from DUT. 


* Wf". Write parameters to DUT's RAM. The parameters will lost after reboot. 


* AP”: Read parameters from DUT's RAM. 
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« >. Write parameters to DUT's Flash. The parameters will not lost after reboot. 


* iP”: Read parameters from DUT's Flash. 


nm 
Spreadtrum AudioTester 


dg dg 


Sound ettects = — - - - - - - ———À 
Age Switch Age ZC Switch Lof Switch Agc input gain Age start gain |lcf position | z] 


0 dB |vdg position |before 

jo qm |eq select [Eam y] 

Jo dB Show Grapl EQ Set 
voice [m z] E [0] dB | Type [o | Volume Set 
channel sel left [Ly polar left [+ >] agc attack [0 ms  agc hold hc fo ns 
channel sel right k z polar right [+ >] agc release [D ms agc_sdelay [0 ns 


mixer-2 sw Off +] 
-Product info 
Dac Set | Path Set — | Adc Set SideTone y 

dl PGA gain | AEC External y] SideTone EQ |oft - 


-Gain——— — — - = 
Downlink ALC | Uplink ALC Sidetone NG | 
EQ ——— == 
Downlink EQ | Uplink EQ 
DL FIR | UL FIR ST FIR | 
DL CNG | UL CNG 


AEC NXP NEP TX | 
NXP EQ | 
DL Clarity | UL Clarity | NXP RX 


r Command 


Volume control | Volume config 
Speaker off Mute -| NXP VOICE Boost CTL | 


Read audio dsp mode name from 
Execute command successfully! : AT+SADM=1, 27) 
Read audio_dsp structrue fron 
Execute command successfully! :  AT+SADM=2, 27) 


Figure 6: Write & Read parameters 


2.In Music mode, We support four button to Write& Read parameters. 


For Feature phone: 
“i” Write parameters to DUT's RAM. The parameters will be effect immediately.But will lost after reboot. 


* fif": Read parameters from DUT's RAM. 


« B». Write parameters to DUT's Flash. The parameters will not effect immediately, will not lost after reboot and 
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effect after reboot. 
* AP >: Read parameters from DUT's Flash. 


For Smartphone: 
LA When tuning music play, please write parameters to RAM & Flash together. 
* fi": not use. 


* iP”: Read parameters from DUT 


Settings Headset |Headfree | Handset Handsfree 


don od 


r device 
input select  |VB AD MIC INPUT -] 


VB DA AUX OUTPUT -] 
EI dal reverse |AUD DAO REVERSE, EN -] 


device type 


> 


record 
record linein 


default dal reverse AUD_DA1_NON_REVERSE -] 
Vosa stereo output [VB AUD NON STEREO +] 
default = = = 


default speaker amp |AUD SPK AMP EN y 
etc - headset amp  [AUD_ HEADSET _NON_AMP v| 
mixer input |AUD LINEIN MIX INPUT -] 


-sound effect 


noise gate(NG) HP Inner PA| 
format [up3 - lcf set eq set | alc set record dp | Limit 0 dB(«-0) 
mapp gain- 
post process [pass - 


app 


app type eq sel [EoMode Sel Regular Y 
file 
mp3 gain  |0 dB 


This mode is for normal midi gain |0 dB 
amr gain D dB 
Volume level Vdg(dB) |HP G(dB DAC (db Volume va 


0x801807a 


Execute command successfully! (CMD: AT+5PENHA=1,0) ^ 
Read tunable eq(8800G) structure from ram: [zi 
Execute command successfully! (CMD: AT+SPENHA=1,1,1) m 


Exit | Clear log About... 


Figure 7: Write & Read parameters 


Action: When we tuning SPRD's smartphone and finish FM tuning&record dp voice recording tuning. We need wirte 
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parameters to RAM & Flash. We need restart FM or voice recording function then your parameters will be effect. 


24 Export & Import function 


For smartphone: 
1. Export function, When we finish tuning the parameters for audio mode(Voice call & Loobpack), We need export 
parameters to PC. Just click the "Export" button. 
2. Export function is not work in music mode when we use smartphone. We need use adb function. See 2.2 ADB 
function. 
3. Export function will generate the nv file to your PC. 
4. Import function is import the nv file which you export. 
For feature phone: 
1. Export function work in audio mode & music mode. The function is same. 
2. Import function import the nv file which you export. 


IS SPREADTRUM -— 


Version: V1.1.5 
Confidential Level: 


Settings |Headset | Headfree| Handset | Handsfree 


-Channel Server 


IP Address Port [6666 Connect 
UART 
Port SPRD DIAG (COM215) y] Baudrate [460800 Disconnect | 


Get Audio mode information | Make call | 
Get Music mode information | Hang up | 


@ SmartPhone C FeaturePhone 


Control by DSP z 


Select ADB | 
ADB Pull | 


ADB Push | 


Execute command successfully! (CMD: AT+SPENHA=1,0) 
Read tunable eq(8800G) structure from ram: 
Execute command successfully! (CMD: AT+SPENHA=1,1,1) 


Clear log | About... | 
Figure 8: Export &lmport 
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3 


3.1 


3.2 


3.3 


Audio Tuning(Voice call tuning & Loopback tuning) 


The block of Voice call 


Figure 9: Voice call block 


The block of Loopback 


Buffer delay control by 
nv parameters 
Only use for loopack 


201 


Layerl 


20ms 


delay 
1 package data Buffe? delay 
interface 200ms only for 
delay loopback (fix) 


Figure 10: Loopback block 


The block of Record & Video record(Feature phone) 


FIR 
Avan Mute Voice Clari IR Digital | 
Store [€] onvorr [€ | CNG ¡€ ALC «s Is mis E Coo ME OEE ` ed « ( ) 
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Figure 11:Record & Video record block 


The function is same with voice call. 


3.4  Audiotester tool interface for voice call 


Product info 
Dac Set | Path Set | Àdc Set | SideTone M 
dl PGÀ gain | AEC [External y] SideTone EQ loft y 
Gain 
Downlink ALC | Uplink ALC | Sidetone NG | 
EQ 
Downlink EQ | ASP Uplink EQ | 
DL FIR | UL FIR | ST FIR | 
DL CNG | UL CNG | 
AEC -NXP NXP TX | 
NXP EQ | 
DL Clarity | UL Clarity | NEP RX 
Command 
Volume control | Volune config | 
Speaker off | y] Mute | y] NXP VOICE Boost CTI | 
Read audio dsp mode name from phone: 
Execute command successfully! (CMD: AT+SADM=1, 27) 
Read audio dsp structrue from ram: g 
Execute command successfully! (CMD: AT+SADH=2,27) 
Clear log | About... | 


Figure 12:3.4 Audiotester tool interface for voice call 
3.5 Product info setting 


In different mode, We need set different path for codec. So SPRD supply DA Device & AD device or DAC set & Path set & 
ADC set to config the codec. 
In audiotester tool it will be display DA Device & AD devic button or DAC set & Path set & ADC set button.You 
needn't care why display different. It's only for different control method in softerware. 
And usually needn't change the parameters of this part if you design SCH(Audio path) same with SPRD reference 
phone. 


3.5.1 DADevice & AD device 


DA Device setting: 
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| | | |I:;Dophine codec | | 


lbitl3 — [DAI REV |DAldata inversion 
DAOdata inversion 


|0:uninreverse 1:inreverse | 


0:uninreverse 1:inreverse 


bit7 SB_DAC DAC Power sw 0:on 1:off 
bit6 SB OUT Head L/R Power sw 0:on 1:off set 0 when we use 
earphone 
bit5 SB LIN Line in Power sw 0:on 1:off 
bit4 SB BTL RCV(BTL) Power sw 0:on 1:off 
bit3 SB LOUT RCV(BTL)& Line_out|0:on 1:off 
Power sw 
bit2 MONO Head_R/L output type 0:steroe 1:mono 
bitl DAC_SEL DAC output to mix 0:off 1:0n 
bito BYPASS line in output to mix 0:off 1:on set 0 when call 


AD Device setting: 


bit4 ADC path select | ADCselect 0:ADCO->mainMIC ,ADC1->AUXMIC 
1:ADC1->main 
MIC ,ADC0->AUXMIC 


bit3 Reserved 
bit2 Reserved 
bitl ADC1 ADCI switch | 0:off 1:on 
bit0 ADCO ADCO switch | 0:off 1:on 


3.5.2 DAC set & Path set & ADC set 


DAC set 
Bit name mark function remark 


bit? |DACRen enable of DAC_R path 0:DAC_R path off 1: 
DAC_R path on 
bit6 |DACLen enable of DAC_L path 0:DAC_L path off 1: 
DAC_L path on 
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bitb —|DACen enable of DAC 0:DAC off 1:DAC on 
bit4-0 |DACfs sample rate of DAC 0:8K; 1:12K; 
2:16K;other:reserve 
ADC set 
Bit |name mark function remark 
bit? |ADCRen enable of ADC_R path 0:ADC_R path off 1: 
ADC_R path on 
bité |ADCLen enable of ADC_L path 0:ADC_L path off 1: 
ADC_L path on 
bits |ADCen enable of ADC 0:ADC off 1:ADC on 
bit4-0 |ADCfs sample rate of ADC 0:8K; 1:12K; 
2:16K;other:reserve 
Path set 
Bit |name mark function remark 
bitü [HP HeadPhone switch 0:off 1:on 
bit  [HP_L HeadPhone L path switch |0:off 1:on 
bit2 |HP R HeadPhone R path switch |9-off 4:on 
bit3 |SPK Speaker switch 0:off 1:on 
bità |SPK L Speaker L path switch 0:off 1:on 
bits ||SPK R Speaker Rpath switch 0:off 1:0n 
bit& |RCV Receiver switch 0:off 1:on 
bit? |RCVL Receiver L path switch 0:off 1:0n 
bits ||RCV R Receiver R path switch 0:off 1:0n 
bit — |MIC MIC switch 0:off 1:on 
bitlü MIC L MIC L path switch 0:off 1:on 
bit |MIC_R MIC R path switch 0:off 1:0n 
bit12 |HPMIC earphone mic path switch |0:off 1:on 
bit3  |Line in Line in switch 0:off 1:0n 
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3.6 Uplink tuning 


First we check the audiotester interface, See below picture. 
AEC function select: 


e Off tune off all AEC function 

@ DSP Digital Select SPRD AEC function 
@ DSP Chip Reserve 

@ External Select NXP AEC function 


rProduct info 


Dac Set | Àdc Set | SideTone y 
dl PGA gain | AEC [External] y] SideTone EQ [off - 
r Gain 
Downlink ALC | Uplink ALC Sidetone NG | 
r EQ 
Downlink EQ | ASP Uplink EQ | 
DL FIR | UL FIR | ST FIR | 
DL_CNG | UL CNG | 
AEC | 
DL Clarity | UL Clarity | 
r Command 
Volume control | Volume config | 
Speaker off p 


Read audio_dsp mode name from phone: 
Execute command successfully! (CMD: AT+SADM=1.27) 


Read audio dsp structrue from ram: 
Execute command successfully! (CMD: AT+SADM=2, 27) 


Figure 13:Parameter for uplink 
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[^B SPREADTRUM' 


3.6.1 Codec 


The signal catched from mic, through the code analog gain. We can change the analog gain in Volume config 
table.See Figure 15.After the codec, the signal change to digtal signal sent to DSP. DSP didn't change and send to ARM for 


next function. 


dl st gain(db 
.968332 
.968332 
.968332 
.968332 
.968332 
.968332 
.968332 
.968332 
.968332 


dl PGAD(db 
-9.001887 0 . 000000 
. 000000 
. 000000 
. 000000 
. 000000 
. 000000 
. 000000 
. 000000 
. 000000 


-5.999420 
-2.999239 
0.000000 
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6.000431 
6.000431 
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Figure 14:uplink analog gain 


3.6.2 NXP Tx function & tuning 


NXP have AEC (acoustic echo cancellation). NS(noise suppression), Whisper mode, EQ(Eqalizer) ~ DRC (Dynamic Range 
Control), Usually we only use AEC & NS function. 

AEC part include NLMS (Normalized Least Mean Squares ) ~ DENS(Dynamic Echo and Noise Suppressor ) ~ SD(Speech 
detector) ~ PCD(Patch Change Detector ) 


So there is some parameters is fixed. 


Parameter Value fixed Range 
OperatingMode LVVE_TX_MODE_ON yes 

BulkDelay 388 no 80~3200 
HPF OperatingMode LVM. MODE ON yes 

BD OperatingMod LVM. MODE ON yes 

Mute LVM. MODE OFF yes 

VOL OperatingMode LVM. MODE ON yes 

MIC HPF CornerFreq 150 yes 

VOL Gain 0 no -96~24 
OperatingMode LVVE_TX_MODE_ON yes 

Mode 4255 yes 

TuningMode 0 yes 


N 
N 
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OutputGain 2048 yes 

InputGain 8192 yes 

NLMS_limit 0 yes 

NLMS LB erl 300 no 0-327767 
NLMS LB taps 96 no 16-200 
NLMS LB two alpha 8192 yes 

NLMS HB erl 300 no 0-32767 
NLMS HEB taps 96 no 16-200 
NLMS HB two alpha 8192 yes 

NLMS preset coefs 1 yes 

NLMS offset 776 yes 

DENS_tail_alpha 23000 no 0~32767 
DENS tail portion 6000 no 0-327767 
DENS spdet near 512 yes 

DENS spdet act 768 yes 

DENS gamma e high 312 no 0-327767 
DENS gamma e dt 256 no 0-327767 
DENS gamma e low 256 no 0-327767 
DENS gamma e alpha 23000 no 0-327767 
DENS gamma n 280 yes 

DENS NFE blocksize 150 yes 

DENS limit NS 10362 no 0-32767 
DENS NL atten 512 no 0-2048 
DENS CNI level 16384 no 0-32767 
SPDET far 12288 yes 

SPDET mic 16384 yes 

SPDET x clip 512 no 

PCD taps 64 no 

PCD erl 64 no 

PCD threshold 20480 no 0~32767 
PCD Minimum Erl 64 yes 

PCD_ErlStep 16800 yes 

PCD_gamma_e_rescue 400 no 0~32767 
Whisper Mode off 

EQ off 

DRC off 
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General parameter 


OperatingMode LVVE TX MODE ON w| BulkDelay 388 HPF ÜperatinglMode  |LVM MODE ON v| BD Operstinglod LVM MODE ON Ss 
Mute LVM MODE OFF v| VOL OperatingMode |LVM MODE ON v| MIC HPF CornerFreq |150 VOL Gain 0 
ÜperatingMode LVM MODE ON v| Mode 4255 TuningMode o ÜutputGain 2048 


InputGain 8192 


NIMS parameters 


NLMS limit O HLMS LB erl 300 NLMS HB erl 300 NLMS offset TTG 
NIMS_LB_taps 96 HLMS HB taps 96 HLMS preset coefs |1 HLMS HB two alpha  |8192 


HLMS LB two alpha  |8192 


DENS parameters 


DENS tail alpha 23000 DENS gamma e alpha |23000 DENS spdet near 512 DENS CNI Gain 10158 
DENS tail portion  |6000 DENS gamma n 280 DENS spdet act T68 DENS NL atten 512 
DENS gamma e high [512 DENS limit ns 10362 DENS NFE blocks 150 DENS gamma e lo 255 


DENS gamma e dt 256 


Speech Detector parameters 


SPDET far [izz88 = SPDET mic [ie384 — —  SPDET x clip fiz = 

Path Change Detector parameters 

PCD_threshold [osso —— PCer p ——— FCD erl step jeso ——  PCD gama e rescue (4000 — 
PCD taps [4 — — — — — PFODnminimm el [4 — — — — — 

Whisper Mode parameters 

Üperatingllode LVM MODE OFF v| AVLMinGainLin 128 AVL Release 32685 SpDetect Threshold |9216 

Mode lis — AVLMexGainLin [e83 AVL_Limit_MaxOutput|23197 | AVL Attack sso 
AVL Target level _lini6ss4 


Equalizer parameters 


EQ Üperatinglod LVM MODE OFF v| EQ Length 32 pEq Coefs 


-DRC control parameters 


Operatingflode LVM MODE OFF Y | NumKnees 5 AttackTime 1000 CompressorCurveInputLevels 
LinmiterÜperatingloddLVM MODE OFF v| ReleaseTime sü LimitLevel o ConpressorCurveOutputLevels| 


NV control parameters 


APTA [ax] Cancel 


Figure 15:NXP Tx function 


Default parameters: 


Parameter Handsfree headset BTHS Headset 
MAX NOR MIN MAX NOR MIN MAX NOR MIN 

BulkDelay 350 350 350 380 380 380 300 300 300 300 
MIC_HPF_CornerFreq 150-300 | 150-300 | 150-300 | 150-300 150-300 150-300 150-300 150-300 150-300 150-300 
Mode 4255 4255 4255 4255 4255 4127 4255 4255 4255 4127 
InputGain 8192 8192 8192 8192 8192 8192 8192 8192 8192 8192 
OutputGain 2048 2048 2048 2048 2048 2048 2048 2048 2048 2048 
NLMS limit 0 0 0 0 0 0 0 0 0 0 
NLMS LB taps 128 96 96 64 64 64 80 80 80 80 
NLMS LB two. alpha 8192 8192 8192 8192 8192 8192 8192 8192 8192 8192 
NLMS LB erl 300 400 600 1000 1000 1000 1000 1000 1000 1000 
NLMS preset coefs 2 2 2 1 1 1 1 1 1 1 
NLMS offset 776 776 776 776 776 776 776 776 776 776 
DENS tail alpha 29000 18000 12000 10000 10000 8000 18000 12000 8000 16000 
DENS tail portion 16000 8000 6000 6000 5000 4000 8000 6000 4000 6000 
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DENS gamma e high 768 512 512 512 256 256 512 256 256 256 
DENS gamma e dt 512 256 256 256 256 128 256 128 128 256 
DENS gamma e low 512 256 256 256 256 128 256 128 128 256 
DENS gamma e alpha 23000 23000 23000 10000 10000 8000 18000 12000 8000 16000 
DENS gamma n 280 280 280 280 280 280 280 280 280 280 
DENS limit ns 10362 10362 6000 10362 10362 10362 10362 10362 6000 10362 
DENS CNI. Gain 16384 16384 16384 16384 16384 16384 16384 16384 16384 16384 
DENS NL atten 2048 1024 512 256 128 128 512 256 128 300 
DENS spdet near 512 512 512 512 512 512 512 128 128 128 
DENS spdet act 768 768 768 512 512 512 512 512 512 512 
DENS NFS blocksize 150 150 150 150 150 150 150 150 150 150 
SPDET far 12288 12288 12288 12288 12288 12288 12288 12288 12288 12288 
SPDET mic 16384 16384 16384 16384 16384 16384 16384 16384 16384 16384 
SPDET x dip 256 256 256 512 512 512 512 512 512 512 
PCD threshold 6000 6000 6000 8000 8000 8000 8000 8000 8000 8000 
PCD taps 64 64 64 64 64 64 64 64 64 64 
PCD erl 64 64 64 128 128 128 128 128 128 128 
PCD erl step 16800 16800 16800 16800 16800 16800 16800 16800 16800 16800 
PCD gamma e rescue 1024 768 512 1024 512 512 512 512 512 512 


Mode: 


O - 0x01 Normalized Least Mean Square Filter (MODE NLMS) 
1 20x02 Dynamic Echo Suppressor (MODE DES 

2 -0x04 Noise Suppressor (MODE NS) 

3 - 0x08 Comfort Noise Injection (MODE CNI) 


4 =0x10 Non-Linear Echo Suppressor (MODE NLES 
5 =0x20 high-band mute/active (MODE HB) 
6 - 0x40 high-band variable attenuation off/active (MODE VA) 


7T =0x80 Path Change Detector (MODE PCD) 
8 - 0x100 Rx high-pass filter if Rx pre-processing is activated (MODE FEHP) 
9 = 0x200 Tx high-pass filter (MODE NEHP) 
10 =0x400 Rx preprocessing (MODE NLPP) 
11 = 0x800 NA 


12 = 0x1000 NLMS pre-processing (MODE_PRENLMS) 


BulkDelay:The delay line compensates the fixed delay in the echo path. It can be measured in advance. This delay is caused by the 
audio I/O buffering, AD/DA converter and propagation time between the loudspeaker and microphone. 

When this parameter is set too small, the NLMS has to model the mismatch in delay, resulting in a less effective use of the adaptive filter. 
When it is set too high, the NLMS cannot model the direct path, resulting in remaining echoes. 


VOL Gain:Digital gain of uplink. Usually set 0(0dB). 
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NLMS limit: The limiting value of the NLMS reference signal. 
NLMS limit: = 32767 x [1/16, 1]; 
Activation: This parameter is active when the mode bits MODE NLMS and MODE PRENLMS are enabled. 


NLMS LB taps (NLMS HB taps): The number of taps of the NLMS adaptive filter. The number of taps should be such that most of the energy 
of impulse response is covered by the filter. In this case, the NLMS yields an echo suppression of 15 to 20dB. Increasing the number of taps will: 
. Increase MIPS load without improving performance 

_ Increase the convergence time of the adaptive filter 

NLMS LB taps (and NLMS HB taps) should be a multiple of 8 

Activation: This parameter is active when the mode bit MODE. NLMS is enabled. 


NLMS LB twoalpha (NLMS HB twoalpha): The step sizes to update the coefficients of the NLMS adaptive filter. It is the trade-off between 
convergence speed/tracking of acoustical changes and stability of the adaptive filter. High values lead to a fast speed of the adaptation. Low 
values lead to a slow adaptation speed, but a stable adaptive filter. 

NLMS twoalpha = 32767 x [0,1]; 

Activation: This parameter is active when the mode bit MODE. NLMS is enabled. 


NLMS LB erl (NLMS HB erl): An adaptive step size control parameter to avoid divergence of the adaptive filter during double talk. The 
adaptive step size control slows down the adaptation speed when Pxx«ERL Pr. Here, Pris the estimated power in the residue signal, Pxis the 
estimated power in the incoming Rx signal after farend pre-processing and ERL is the inverse of the coupling factor. The coupling factor is the 
ratio between the average power of the echo in the microphone signal and the average power of the Rx signal. Choosing a higher 
NLMS_erl-value has positive impact on the stability of the solution. Such a choice will stabilize the filter during double talk, and thus, it will 
improve the quality of the nearend speech during double talk. High values lead to a too slow adaptation in case of an acoustic path change. 
Activation: This parameter is active when the mode bit MODE. NLMS is enabled. 


NLMS offset: An offset added to the computation of the power Pxx of the incoming Rx-signal to avoid that this Px converges toward zero when 
Rx is low. The main reason is that the step size is normalized by the Pxx power. 
It is recommended to use the default value. 


NLMS preset coefs: A parameter indicating which type of NLMS coefficients preset should be performed. 
NLMS preset coefs 7 0: no preset 

1: preset with hard coded coefficients 

2: preset with zeros 

It is recommended to use the default value. 

Activation: This parameter is active when the mode bit MODE. NLMS is enabled. 


PCD taps: The filter length of the PCD. The filter length used in the PCD is typically smaller than the number of taps of the NLMS-filter in order 
to react faster on changes in the direct field. It should be a multiple of 8. 


PCD erl: step size control parameter for the PCD filter. Typically smaller than the one of the NLMS to guarantee a fast reaction. 


PCD threshold: Sensitivity of the PCD. Threshold to detect acoustical path changes. The higher the value, the more sensitive. 
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PCD threshold = 32767 x [0, 1]; 


PCD Minimum Erl: If a path change is detected, 'NLMS erl' of the NLMS is set to this value, to assure a fast adapting filter. 


PCD ErlStep: After a path change the 'NLMS erl' of the NLMS increases back to the nominal value. The speed to increase can be controlled by 
‘ErlStep’. 
PCD ErlStep = 16384 x [1, 2]; 


DENS tail alpha: a parameter related to the reverberation time of the acoustical environment. It represents the decay in time of the energy of 
the echo tail of the impulse response. Too low values lead to an insufficient suppression of tail echoes. High values lead to an over-estimation of 
the echo tail, resulting in suppression of nearend speech during double talk. 'DENS tail alpha' has a value in the range of 

DENS tail alpha = 32767 x [0, 1]; 


DENS tail portion: A parameter representing the portion of the echo tail (estimated by the NLMS filter) that has to be extrapolated in time. As 
for 'DENS tail alpha', too low values lead to an insufficient suppression of tail echoes and high values lead to an over-estimation of the echo tail, 
resulting in suppression of nearend speech during double talk. 'DENS tail portion' has a value in the range of 
DENS tail portion = 32767 x [0, 1]; 
To customize the amount of echo suppression in the different scenarios (farend-only, double talk, nearend-only, acoustical path change), there 
are four subtraction factors defined, which are applied to the estimated echoes in the DES: 

DENS gamma e high: factor applied during farend-only 
DENS gamma e high = 256 x [0, 128]; 

DENS gamma e dt: factor applied during double talk 
DENS gamma e dt = 256 x [0, 128]; 

DENS gamma e low: factor applied during nearend only. 
DENS gamma e low = 256 x [0, 128]; 

PCD gamma e rescue: factor applied during acoustical path change (MODE PCD should also be enabled for this parameter to be active). 
PCD gamma e rescue - 256 x [0, 128]; 
Switching between those factors is controlled by the speech detectors. 


DENS gamma e alpha: factor to smooth the gain factor between 'DENS gamma e high' and 'DENS gamma e low'. This smoothing factor is 
typically chosen equal to 'DENS tail alpha'. 
DENS gamma e alpha = 32767 x [0, 1]; 


DENS NL atten: Non-linear distortions in the echo path generate high-frequency non-linear echo components that need to be suppressed. The 
amount of non-linear echo suppression can be customized with this parameter. Too low values will result in high-frequency non-linear echoes. 
Too high values will suppress high-frequency nearend speech during double talk. 

DENS NL atten = [0, 2048]; 


DENS limit NS: the maximum amount of noise suppression. 


DENS gamma n: the gain factor for the noise subtraction. 
DENS gamma n - 256 x [0, 128]; 
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DENS NFE blocksize: the window size (in number of 10ms frames) for the estimation of the noise components. It is recommended to keep this 
parameter at its default value. 


DENS CNI Gain: controls the amount of comfort noise insertion. ‘DENS_CNI_Gain’ has a value in the range of 

DENS CNI Gain = 16384 x [0, 2]; 

Ideally, the level of the inserted comfort noise should be equivalent in power level to the (suppressed) background noise. According to the 
VDA-specification a deviation of -5dB to *2dB is allowed. 


DENS spdet near: the threshold for nearend activity detection. Too low values result in false detection of nearend speech (detector is too 
sensitive), while too high values make the detector insensitive. This detection controls the selection between gamma e high and gamma e dt 
DENS spdet near = 256 x [0,126]; 


DENS spdet act: the threshold for microphone activity detection. Too low values result in false detection of microphone activity (detector is too 
sensitive), while too high values make the detector insensitive. This detection controls the smoothing of the noise floor estimation. 
DENS spdet act = 256 x [0,128]; 


SPDET far: the threshold for farend activity detection. Too high values result in false detection of farend speech (detector is too sensitive), while 
too low values make the detector insensitive. This detection controls the selection between gamma e low and gamma e high/dt. 
SPDET far = 32767 x [0,1]; 


SPDET mic: the threshold for microphone activity detection. Too high values result in false detection of microphone activity (detector is too 
sensitive), while too low values make the detector insensitive. This detection impacts the gain smoothing. 
SPDET mic = 32767 x [0,1]; 


SPDET x clip: the digital level of the loudspeaker output signal where the echo path has some distortion. It controls the activation of the 
non-linear echo-suppression. This detection controls the activation of the non-linear echo suppression mechanism 
SPDET x clip = 32768 x [0, 1]; 
The setting takes effect if the NLMS, the Dynamic Echo Suppressor and the Non-linear Echo 
Suppressor are enabled. 
Tuning method: 
€ Echo path delay (Bulkdelay) 

In order to cancel echo completely, firstly, we need get the value exactly. This parameter is the most important parameter for AEC. 
For obtain this value, we need play white noise signal at far end and dump PCM data at two point (Reference signal and Tx in signal, point 
6 and point 3). Then, echo path delay can be calculated using a MATLAB script named analyze delay.m. The value should be stable 
duing 1 phone call. 
@ Mode 

Set mode value according to the module that are used 
€ NLMS tuning 

For cancel echo, in this step, we need to tune 2 parameters. It is sggested that other parameters keep default. 
€  NLMS LB taps 

* Adaptive filter length 
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e Length should be such that most energy of acoustic impulse is covered by the filter 
e — Increasing length will: 


» Increase MIPS without increasing performance significantly 
> Decrease the convergence speed of the NLMS 
» It should be the mutiples of 8. 
— MIPS 
— Echosuppression 
— Convergence speed 
NLMS taps 
€  NLMS LB erl 
Tune this parameter to get proper convergence speed. Tuning target is to convergence in 1 second 
For example: 


Convergence tuning example: very fast 
Convergence in 0.7 seconds 
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Convergence tuning example: very slow 
Convergence in 7 seconds 


30 
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@ DENS tuning 
The following parameters need to be tuned. Others keep default. 
For get good double talk and good echo, we need to tune relevent parameters in this step. The parameters that is related to double 


talk and echo are DENS tail alpha, DENS tail portion, DENS gamma e high, DENS gamma e low, DENS gamma e dt and 
DENS NL atten.DENS. NL atten is used to tune high frequency echo and high frequency double talk (2000-4000 Hz). Others are used 
to tune low frequency echo and low frequency double talk. 

Echo and double talk are a tradeoff. Very good double talk results in bad echo cancellation. Very good echo cancellation results in 
bad double talk. We have to find a tradeoff between good double talk and good echo cancellation. 

* Tail parameter (DENS tail alpha, DENS tail portion) trade-off 
Too low values will result in late echoes ("tail-echoes") but good double talk. 
Too high values will attenuate nearend speech during double talk situations but good echo cancellation 
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—— Echo Suppression 
—— Doubletalk quality 


ü 0.5 1 1.5 2 2.5 3 3.5 
DENS tail alpha, DENS tail portion x 10* 


Non-linear echo suppression parameter ( DENS NL atten ) trade-off 

Too low value will result in high-frequency echo but good double talk. 

Too high value will suppress high-frequency nearend speech during double talk but good echo cancellation. 
Two parameters: 

DENS NL atten: Controls amount of non-linear echo suppression 

(SPDET. x clip: Controls activation of non-linear echo suppression, normally set it as 1, i.e, always work.) 


—— Echo Suppression 
—— Doubletalk quality 


D 500 1000 1500 2000 2500 
DENS NLatten 


Tuning step: 
SPDET_x_clip = 1 
Start from setting where no residual echo is expected 
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DENS tail alpha = 26000, DENS tail portion = 16000 
DENS gamma e high/low/dt = 512, DENS NL atten = 768 
If there is residual echo? 


{ 
if residual echo is high frequency echo? 
Increase DENS_NL_atten 
else 
Increase DENS_gamma_e (high/dt/low) 
} 
else 
{ 
Tune down DENS tail portion till good double talk and no echo 
Tune down DENS tail alpha till good double talk and no echo 
Tune down DENS. NL atten till good double talk and no high frequency echo 
) 


The range of parameters: 
DENS gamma e high and DENS gamma e low: 200 — 768 
DENS tail alpha: 10000 — 29000 
DENS tail portion: 2000 — 16000 
DENS NL atten: 0 — 1024 
DNS (Dynamic Noise Suppressor) 
+ DENS limit NS is recommended not to exceed 10dB (10362) of noise suppression to avoid speech distortion. 


—— Noise Suppression 
—— Speech Quality 


D D.5 1 1.5 2 2.5 3 3.5 
DENS limitns 4 


€ CNI 
Oversubtraction of echo results in extra suppression of the background noise. 
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Noise gating effect: transmitted background noise is modulated by farend speech. 
€ DENS CONI level 

Controls the amount of comfort noise 

DENS CONI level = 16384 x [0,2] 
e PCD (Path Change Detector) tuning 

Tuning target: echo residue is lower during acoustic path changed after PCD. 

The most important parameter is PCD Threshold: sensitivity of PCD. 

The higher the more sensitive 

Suggestion: Keep other parameter as default and just tune PCD. Threshold. 


3.6.3 Txfir(65 Steps) 


This function is in ARM side. And we only can select one fir filter in voice call uplink path. One is this Tx fir(65 steps), 
the other is Tx fir(26 steps) which in DSP side. A part of parameters are share with two fir filter, So we only can use one 
at the same time. 

The control bit is in NV. ul FIR HPF. enable(bit 4), 

0: use Tx fir(26 steps) which in DSP side 

1: use Tx fir(65 steps) which in ARM side 

Below picture is Tx fir(65 steps) interface. We can select each frequency point by mouse and change the gain, 

"Default Fir": Bypass Fir filter, All parameters will be set 0 and the filter will be flat. 

"Refresh Fir": After tuning the Fir filter, Before we click "OK"button, click "Refresh Fir" button first. 

We can use this function when tuning SFR case. 
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Po[58] (2851) 
Po[59] (3020) 
Po[60] (3200) 
Po[61] (3390) 
Po[62] (3592) 
Po[63] (3806) 
Po[64] (4000) 
«| 


3.6.4 Txfir(26 Steps) 


65 steps). Refer to 3.6.3 


( 


fir 


s similar with Tx 


It 


3.6.5 AEC(SPRD) 


Below picture is the block of SPRD's AEC solutoin. 
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AEC block 


Speake 
Rx data Xn) D AN 


m: |} 
IN 


M: Fir taps 


pdelay = echo delay 


Es Echo 
Detect 

S d 
Echo Detect: 
If Z(n) < X(n) x DT detect threshold 
& X(n) > bn40 
& Z(n) > DT noise floor 
Then h(n) parameter will be updated! 


E(n) 


Send Attenuation at every rate 
If (Y(n) - e(n) > Send threshold) Then Y(n) = Y(n) 


If (Y(n) - e(n) < Recv threshold) Theg-Y(n) = Y(n) x SA in rv e(n 
Else SÁ = Y(n) x SA in dt LMS ( ) 
MIC 
Tx data rose LOCK EET | lex 
«—— ——— —À iFFT | | FFT | a 
TE ¡A J? 


Target : E(n) = e(n) 

When : S(n) + N(n) = 0 o) 

u(n) = Y(n) = E(n) - e(n) Y 
= E(n) - X(n)*h(n) fo 

make u?(n) least 


E Least Mean Square o) 


O[u*(n)] 
x Ohm) 


/ Send \ 
d h(n+1) = h(n) + 0.5 t [- V (n) ] 
Attenuation —  «——— =h(n) + t u(n)X(n) 


\ atevery rate) 
PR 


combine _ " Vi) = =-2u(n)X(n) 


t: Step size 


Below picture is the tuning interface of SPRD's AEC solutoin. 
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Aec enable 1 : Enable OK | 


UL fir hpf switch 1 : Enable Fir taps 


pdelay [22 Aec frozen 
DL ref hpf switch fi : DL data enable Coeff frozen 


[o : DL PGA disable ~v Step size 


Decor filter switch [o Coeff norm shift 


DT 


bn40 


DT dect threshold DT noise floor 


SA 


SA Control 1 : Simple Send threshold [12000 
Send attenu in dt 512 R2dt threshold [9000 
Send attenu in rv 512 S2dt threshold [6000 


Recv threshold [3000 


Signal delay 


SÀ delay 


+ + 


9992292592255 


Aec enable: AEC Switch. 


Firtaps: AEC filter steps, tuning range 32 to 192.The value become large,echo dispel become better, but 
the initial echo time extend. 


pdelay: echo delay,tuning range 0 to 160. 

Step Size: tuning range 1 to 8191. Suggest do not over 3000. 

DT_dect_threshold: double talk detection threshold, tuning range 1to 32767. 
DT_noise_floor: to prevent error track preserve threshold, tuning range 1 to 32767. 
SA_control: suggest select 3: Noise Reduction. 

Send attenu_in_dt: if the value is 600,the double talk reduce 6dB. 

Send attenu_in_rv: if the value is 1000,the receive reduce 10dB. 

send threshold: 45034.5dB. 

recv threshold: -450-4.5dB. 
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<> CNG gain: comfort noise generator, 1024>20log (1024/4096) =-12 dB. 


Tuning method: 


(1) 


(2) 


(3) 


(4) 


(5) 


(6) 


(T) 


Click AEC button turn into tuning interface ,check the default parameters(the grey part)whether it meets the 


requirements. 


Open or off AEC function: open=Enable, off=Disable, judge and compare echo dispel function. Check before the 


default settings whether AEC plays a role. 


Off SA CSA control select 0) , open AEC, appropriate tuning DT threshold and Fir taps value to make the echo 
as much as possible to reduce for SA process. when the echo reduce to the least, open SA tuning "Send attenu 


in dt” and "Send attenu in rv “to dispel the residual echo. Specific tuning methods are as follows. 
First tuning "DT dect threshold" 


Handset : 400 to 2000 (decimals) . Usually under 1000 can solve the handset talk echo. 


Handsfree : 1000 to 8000 (decimals ), if echo too large put this value to16000.As far as possible make the echo 
to least. 

note: this value of echo suppress is more obvious but with the increase value it can make the double talk 
generate intermittent. So in the acceptable range as far as possible to reduce this value. 


In confirm step (4) "DT dect threshold “parameters have been to threshold need to appropriate tune step size 


parameters. 
When "DT dect threshold"»- 8000, settings«-800. 


When "DT dect threshold"«-2000,settings-1000 to 3000.In line with call effect to set the parameters. step size 
tuning range is1 to 8191. 


In confirm step (4) and (5) parameters have been to threshold but echo still exist. Set "Send attenu in dt'and" 
Send attenu in rv”, In line with the realistic situation of mobile phone to tune. The value become larger and 


echo suppress become better. 


After in the front of 3 steps tune, if call intermittent obvious can tuning "Send threshold" and " Recv threshold" 
parameters it can effectively improve call intermittent and echo questions. The value of "Send threshold" become 
larger echo suppress become better but also generate talk intermittent. So need to In line with the realistic 


situation to tuning parameters. 
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note: before tuning echo, first confirm call uplink and downlink volume it can improve the efficiency of tuning. 


Black box is 4 most commonly used parameters to improve echo in figure. 


3.6.6 Digital Gain 


Digital Gain is in DSP side, we can tuning by volume config table. 
The range is -72dB ~ 18dB. Usually set 11dB. It's decided by SLR. 


Volume 


dl st gain(db) | dl PGAO(db 
0.000000 —9.001887 : 

.000000 -5.999420 
.000000 -2.999239 
.000000 .000000 
000000 3.000370 
.000000 6.000431 
.000000 6.000431 
. 000000 6.000431 


cioóoooooooo 
ciooooooool|: 
cioóoooooooo 


1 
2 
3 
4 
5 
6 
7 
9 


(nien cn en en en en ai ai 


joc = 4 dB Refresh | 


3.6.7 IIR Filter 


There are two band IIR filters we can use for uplink path. We can use for Tx voice quality and SFR performance. 
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| Frequency 


alpha [px3t29 | 
beta [px3£cà | 


gama 0x0 | 


gain [ox1000 | 


J 


alpha ['ælfə] E #24» 
n. ARTE TSE ; JP E 


alpha [0x3b29 
beta [0x3 fcd 


gama 0x0 


gain gain [0x1 000 


| | Treble 
| | Middle 
| | Bass 

mn Result 


f0: Center Frequency. 

df: bandwidth (the peak value drop 3dB) 

db: boost in dB at central frequency 

Gain: basic gain in dB (all frequency gain) 
Tuning method: 

1.First use IIR filter tuning the SFR performance. 


2.Then use FIR filter subtle tuning. 
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3.6.8 Voice Clarity(NS) 


ul settings 


Cancel | 


l nr switch 


ul dis switch ul amb noise est swit [| 
ul amb eq swit 0 

ul drc switc al echo residual swit Jie 
ul hpf set ul lpf set | v 
ul no vad cnt thd 6 ul min psne [6000 — 
—rfilter delay 
ul rfilter 
.sim M 


ul dac limit 


ul ns limit 


ul dis snr thd ul dis band 1k 


ul dis limit ul drc thd 

ul drc ratio 3072 ul drc dstep 

ul drc ustep D ul drc cnt 

ul amb release 64 ul_amb_attack 
ul_amb_ndefault 8000 ul_echo_ns_limit 


ul_ns_up_factor 


e Clarity switch: 1=on ; 0= off 

e~ ul dis switch: distortion suppression switch 

* pf set(High pass filter): 2 > 2*100Hz = 200Hz 

* |pf set(Low pass filter): 2 4000-2*100Hz = 3800Hz 

e dgain(Digital gain): 100 = 100/100dB; default 0 = 0dB 


* ns limit(noise attenuation) : 1200 - 1200/100dB 
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3.6.9 uplink ALC 


The control bit is in NV. dl AGC. switch (bit 4), 
0: off 
1: on 


Uplink ALC 


Vout (dB) 


ALC compress limit [o 
ÀLC compress threshold [-30 
ALC expand threshold [-600 


ALC expand limit 


ALC gain [6 dB 


B -60 


Vin(dB) 


À: ALC EXPAND LIMIT B: ALC EXPAND THRESHOLD 
C: ALC COMPRESS THRESHOLD OD: ALC COMPRESS LIMIT 


Cancel 


e ALC_COMPRESS LIMIT: when the input signal level is larger than the ALC COMPRESS THRESHOLD, the signal 
will be compressed. If the signal is larger than ALC COMPRESS LIMIT, the output signal will be limited to 
ALC COMPRESS LIMIT. 

e ALC_COMPRESS_THRESHOLD: when the input signal level is larger than the ALC COMPRESS THRESHOLD, 
the signal will be compressed. 

€ ALC expand threshold: when the input signal level is lower than the ALC EXPAND THRESHOLD, the signal will be 
expanded. 

e ALC EXPAND LIMIT: when the input signal level is lower than the ALC_ EXPAND THREAHOLD, the signal will be 
expanded. If the signal is lower than ALC_ EXPAND LIMIT, the output signal will be limited to ALC_ EXPAND LIMIT. 

€ ALC gian:The pre-gain before ALC, The gain will be controled by ALC. 
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3.6.10 uplink CNG 


CNG Gain [-30 yl dB 


CNG SW off y 


Cancel | 


e  CNG Gain: The confortable noise level which CNG function generate. 
€ CNG_SW: The switch of CNG function. 


3.6.11 Mute 
It's only for debug. 
3.7 Downlink tuning 


About downlink path , We have Voice clarity IIR filter FIR filter ALC CNG ASP NXP function. 


Product info 


| Dac Set | Path Set | Adc Set | SideTone Off y 
| dl PGA gain | AEC [External T | SideTone EQ loff T 


Wc EET ALC | Uplink ALC Sidetone NG | 
EQ - - 
Downlink EQ | ASP Uplink EQ | 
DL FIR | UL FIR | ST FIR | 
DL CNG | UL CNG | 


-NXP 
= NEP EQ | 
DL Clarity | UL Clarity | 
Command — - - 
Volume control | Volume config | 


Speaker off Mute NXP VOICE Boost CTL 


3.7.1 Downlink voice clarity 


The tuning parameters is same with uplink voice clarity. 
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3.7.2 IR filter 


The IIR filter in downlink path is simliar with uplink IIR filter. Only different is in IIR filter of downlink path have 3 band 
IIR filter. 


Frequency — 


Ox2ac3 db 
Ox3fed 


0x0 


0x1000 


(0x1 a82 
[0x33 cB 


0x0 


gain (0x1 000 


Treble 


[0x2 ac3 
(0x3 fcd 


0x0 


(0x1 000 


[i] Treble 
| | Middle 
i] Bass 


| | Result 


3.7.3 Rx Fir Filter(26 steps & 65 steps) 


The tuning method of Rx Fir Filter(26 steps & 65 steps) is same with Tx Fir Filter(26 steps & 65 steps). 
The control bit is in NV. d! EQ. switch(bit 9), 

0: use Rx fir(26 steps) which in DSP side 

1: use Rx fir(65 steps) which in ARM side 


3.74 Digital Gain & ALC 


The digital gain can be tuned in volume config. This gian is the pre-gain of downlink ALC function. This gain will be 
auto controled by ALC function 
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Volume 


dl st gain(db) | dl PGAO(db) [dl dgain(db) | ul PGAO(db) | gai inner PA... 
. 000000 -9.001887  |18. 

-000000 -5.999420 
-000000 -2.999239 
. 000000 . 000000 
-000000 -000370 
-000000 .000431 
. 000000 .000431 
.000000 .000431 
"000000 000431 


£o cS N CO A 
£1 en en an en can ai oi 
PARRAS 
coocooooooo 


coocoooooo 
00000000 


«D: 
o 
cn 
o 
a 
o 


fo dB Refresh | 
cancer | 


The downlink ALC function is same with uplink ALC.Only different is in downlink ALC we can tuning the compress 
rate & expand rate. 


Downlink ALC 


Downlink ALC . 


ALC compress limit [o 
ALC compress ratio («) [11 


ALC compress threshold -30 


ALC expand threshold [-400 


ALC expand ratio (p) [18 
expand limit [-600 


Vin(dB) 


À: ALC EXPAND LIMIT B: ALC EXPAND THRESHOLD 
C: ALC COMPRESS THRESHOLD OD: ALC COMPRESS LIMIT 


Cancel | 


3.7.5 downlink CNG 


It's same with uplink CNG. 
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3.7.6 SPK On/Off 


It's for debug. 
SPK On: voice normal 
SPK Off: Mute in downlink path. 


3.7.7 ASP 


ASP : Acoustic Shock Protection 
ASP block: 


FFT_Tone_detect_sw 


Tone 
Detect 


Tone_level Gain 
Control 


Sun 99104 


Tone Detect: Check the input signal is Tone or Voice. It will detect detail when FFT Tone detect sw set on. 
Tone Rms: Detect the value of the Tone. Rms reactivity speed is control the Rms updata rate. 

Voice Detect :Check the input signal is Tone or Voice. 

Voice Rms: Detect the value of the Voice. 

Gain Control: Control the Tone value. 

ASP principle: 
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Output 


a 
Y 
i j go" B *Gmo 
E. IUOS ocn dE 
i 


' 
i 
i 
I 
[ 
i 
I 


I 

1 

I 
Input ! 
Max 0dB 


According to Max, Min, a, 8. y and Rms, We can draw the line. 
Rms(default value)=(Max+Min)/2. 


Parameter name NV position Value Display in tool 


Off 


Switch Lvve reserve[10]:bit 0 On 


FFT_Tone_detect_) — |. e reserve[1t]:bit 0 e 
sw On 


Rms reactivity sp 


Lvve reserve[29] X/16384 
eed 


Lvve_reserve[30] X/10 


Lvve_reserve[31] X/10 


Lvve_reserve[32] X/32768 


Lvve_reserve[33] X/32768 


Lvve reserve[34] X/32768 
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3.7.8 CD 


CD:Cut down is same with limit function. This mean decrease how much dB. 
The parameter is in each mode lvve reserve[63]. range 0-15. 

0: 0dB 

1:-0.5dB 

2:-1dB 


9:-4.5dB 


3.7.9 NXP Rx tuning 


Activation: The following parameters are active when the mode bit MODE NLPP is enabled. 
Vol gain: 

Gain applied to the Rx signal. The gains of the analog and digital loudspeaker amplifier should be set to 
achieve the recommended RLR for a certain mode of operation (e.g., handsfree, handset). 

For the best possible performance of HandsFree it is needed that the echo path is as linear as possible. So, if 
the loudspeaker amplifiers are not working in their linear range to achieve the recommended RLR, the gains 
should be reduced and compensated for with this digital gain (if possible). 


NLPP limit: Clipping level for the Rx signal. The limiting value should be set to a level where there is no audible 
difference between with and without limiting. The limiting value has a value in the range of: 


FENS: Far-End Noise Suppressor 
FENS: The noise suppression parameter, limit_NS, is recommended to be set to 3277, which is corresponding 
to -20dB. This default value provides more robust quality in the LMfV output signal under various SNR 
conditions. 


NLPP: Non-Linear Preprocessing 
The default parameters is in below picture. 
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¡General parameter 


OperatingMode 


|LYVE_RX_MODE_ON v] Mute 


[Evm _MODE_OFF v| VOL Operatinglode — [LVI_MODE_ON y] VOL Gain 


FENS parameters 


OperatingMode 


[16364 


Mode SN 


[Ew wong ox y] FENS_Limit_NS 
NLPP parameters 


WLPP_Operatingilode [LUI MODE ON T] NLPP_Limit 


ph 


HLPP_HPF_CornerFreq [s00 


[Voice Clarity parameters 


OperatingMode [Lvw. wong. oFF v | Mode 


AVL MaxGainLin 
AVL Release 32604 AVL NominalGain 512 


Spletect Threshold [1024 Noise Sensitivity | 


[255 
[e192 AVL Target level lin [16384 


[i286 
AVL MinGainLin 256 AVL Limit MaxDutput|23170 
12055 AVL ReleaselMax [32441 


Gain Lin Max 


AVL Attack 


[Equalizer parameters 


EQ Üperatinglode [Lm wong Orr X ] EQ Length 


s 


pEQ_Coefs | 


-IRC control parameters 


ÜperatingMode [Evm wong orr - ] Nonkuees 
LimiterÜperatinglod] VI MODE OFF y ] ReleaseTime 


—— 


LimitLevel -36 


AttackTime 


HPF Üperatinglode [Lyn MODE, OFF] = | HPF_CornerFreq 


CNG ÜperatingMode [Evm _MODE_OFF al CNG Volume 


WM control parameters 


OperatingMode [Evm wong. orr X ] Mode 


AVL MaxGainLin 
AVL Release 


[52685 


feres AVL Target level lin [16384 


AVL MinGainLin 128 Spletect Threshold [oz16 
[25520 AVL Limit MaxDutput|2319T 


AVL Attack 


NG control parameters 


ÜperatingMode [Evm wong orr - ] p S EN 
Limi terOperatingloddLVM MODE OFF - | Reledcelima 


AttackTime 
LimitLevel 


-NF control parameters 


ÜperatingMode [Ew mong orr y ] Attenuation 


Frequency Qfactor 


3.8 EQ tuning in NXP 


The interface of EQ: 
Rx path EQ tuning interface: 
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General parameter 
Üperstingllode [Lvvg RX MODE ON — y] Mute LWM MODE OFF v| VOL OperstinglMode  [LVM MODE OFF y 
FENS parameters 

OperatingMode [Lm mong. oy y ] FENS limit NS [10361 Mode 0 EN 


-NLPP parameters 


NLPP Üperatinglode [cw mong og E ] NLPP Limit lo NLPP HPF CornerFreq|50 


¡Voice Clarity parameters 


Operatingllode [Lvm_noDE_OFF v] Mode [D | Gain Lin Max [og —————— 

AVL WaxGainLin [AVL Tegetlevenlin[Üg8384 SSCS AVL _MinGainLin Bs = = AWLLimitMexQutput23170.————————— 
AVL Release 32604 AVL_NominalGain iz AL Attack [ia AVI Releaselax fz ooo 
SpDetect_Threshold [1024 Noise Sensitivity | 


| DRC control parameters 
OperatingMode JEVI_NODE_OFF hd | NunKnees AttackTime 0 CompressorCurvelnputLevels 
Limi terÜperatingllodd VI MODE OFF y ] ReleaseTime D LimitLevel 96 Compres urveüutputLev 


HPF_Operatingilode [rw mong oy - | HPF_CornerFreq CNG_Operatingilode CNG Volume | 


WM control parameters ———————————————————————————— 


Operatingllode [Emmo orr z] Mode 0 AVL _MinGainLin i SpDetect_Threshold [y 
AVLMaxGainLin — [5 AVI Target levellin|| = = AVL_Attack 0 AVL Limit MaxDutput| ——————————————— 
AVL Release p. 

¿NG control parameters 
ÜperatingMode [Em mone OFF y | NumKnees AttackTime D Co CurvelnputLevels 
Lini terOperetinglloddLVIl MODE OFF y ] ReleaseTime D LimitLevel 96 CompressorCurvelutputLevels 


-HF control parameters 


Üperatinglode [Ew mong orr bd | Attenuation Frequency Qfactor 120 
| pem 


Tx path EQ tuning interface: 
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General parameter === 


| OperatingMode LVVE TX MODE ON ~| BulkDelay 400 HPF_Operatingllode  |LVM MODE ON v| BD_Operatingflod 
| Mute 'ILVM_MODE_OFF v| VOL OperatingMode |LVM MODE ON v| MIC HPF CornerFreg |150 VOL Gain 


[ T 

| OperatingHode LvM MODE ON v| Mode Tuningllode 0 ÜutputGain 
InputGain 8192 

L EUR. 

m NIMS parameters 


NUIS linit fo — — MS LB el [p — MMS HB erl [iot —  mNSe£ffset 

NLMS LB taps Be o NLMS HB taps ho — mms | preset coefs i NLMS HB two alpha [8192 

NLMS LB two alpha fos” 
| DENS parameters 

DENS tail alpha [25000 —— DENS gamma e alpha (25000 — DENS spdet near [i2 DENS_CNI Gain 

DENS tail portion feo — DENS gamma n eea DENS_spdet_act B2 = DENS NL atten 

DENS gamma e high [768 = DENS_limit_ns 8000 — DENS NE blocks  |D — — DENS gamma e 1o 

DENS gamma e dt B2 © 

Speech Detector parameters 

SPDET far [5384 —  SPDET mic [iess — — SPDET_x_elip ho 
Path Change Detector parameters 
| PCD threshold go — PCD erl TEM PCD erl step 1 PCD gamma e rescue [ab —— tst—~™S 
| PCD taps Tr— PCD minimum erl Ir -—— 


[hi sper Mode parameters- 


| Üperatinglode LVM. MODE OFF 7] AVL MinGainLin i AVL Release } SpDetect_Threshold | 
Mode (l AVL MaxGainLin AVL_Limit_MaxOutput |^ AVL Attack pl 


AVL Target level li af 
| 


Equalizer parameters 
EQ Üperatinglod LVM MODE ONI v| EQ Length 32 pEq Coefs 


| BRE com 


ol parameters 
Üperatinglode LVM MODE OFF Y] NumKnees 5 AttackTime 1000 CompressorCurveInputLevels 
| Limi terÜperatingloddLVI MODE OFF v| ReleaseTime 50 LimitLevel 0 CompressorCurvelutputLevels 


-H¥ control parameters 


L 
| W Parameters | gum 


For tuning the FIR-equalizer, the equalizer GUI is used. 

Feature of the equalizer GUI 

— Selection between narrowband (8kHz) and wideband (16kHz) configuration 

- Different bands with center frequency, gain and Q-factor to be specified 

— Configuration of the filter length 

- Load wav-file containing the speaker or microphone frequency response 

— Load frequency mask that can be defined according to specifications 

— Save fixed-point filter coefficients (format Q3.12) in a text file 

- Display the EQ frequency response or the impulse response in linear or logarithmic scale 
— Load, save and reset the frequency and impulse responses 

— Automatic saving of the configuration (center frequency, gain and Q-factor) for all the frequency bands 


Narrowband and wideband configuration 
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Frequency bands 14 19 

Frequency range 100 to 3700Hz 100 to 7700Hz 
Gain range -20 to 20dB -20 to 20dB 
Q-factor range 1 to 50 1 to 50 

Filter length max. 32 64 

Offset on the mask -15dB to 5dB -15dB to 5dB 


Equalizer tuning methodology: 


ESE 


|E | mx za ax ax = WEM | 
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E AR Equalizer Tool v3.0 p xi 
[rm FlfICcelficients PRT Signal Mask Defirilion EQ Response 
© Nenosband IV. EU Frequency Response 
Alto: Lent: [ 32 Save | Load Load Mask Oílest (dB), [ 0 un Ane Linpar soaks [7 
© Wideband T EU Impulse Response 
Lond | Seve Resel 


Band Bend | Bandil Bardi? | Bandið ; Bendid  BardiS | Bendi ; Bandi? | GenclB ; Bands 

EEN 1400 [ 1655 1980 2355 2600 [ 3330 3360 [ 4709 5507 [ 5650 7700 

&ain [ 0 ü D 0 0 [ ü D [] 0 [ 0 0 D 0 J 0 D 0 D [ 0 D 
Aa aa a Bl ey | a Ai BEN a) os) se) leet a Ss 


Frequency Response (dB) 


Frenuency (Hz) 


2. Select Filter Length 


E AR Equalizer Too! v3.0 
Fite Corhguralian FIR-Coethicents PRT Signal Mask Defirtice EQ Response 
C Naosband IV. ED Frequency Response 
Fitei Length: | 32 Save | Load Load Mask Oflest (d8). [ 0 quonoy Response J ineat goals [7 
© Wideband [7 EU Impulse Response 
Lond | See Resel 


Bandi] - Bandi2 j Beni Benz - Bandi | Beni | Bardi? j BnB | Bandi? 
177 | [1900 [| [1685 E [2:95 E EA E [faros EE | [ eco | | [ 7702 
0 
a] 


EE EE BI. EE » BI EE » 
apa alar ey | eee a 


LA a A A eer er Um er ere er ee eee 


Frequency Response (dB) 


Frecuency (Hz) 


3. Load Speaker or Mic Frequency Response 
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iualizer Tool v3.0 aii xj 
Fite Corhguratian FF Coethicents iff | PII Sina | Mask Definition EQ Response 
© Nerwubend T^ ED Frequency Response 
Fito Length: | 32 Save Load Load Mask Oflse (dB). [ 0 Une Linear soaks [7 
© Widebord | | pem T EU Impulse Response 


Lord | Swe Reset 


E01 ¡ Band? Bard3 Bandt 


Bend! 

Fe [T o EG 
EN 
E 


Frequency Rica po reo (vB) 


4. Load the Frequency Mask for Rx or Tx 
— inii 


Wi AR Equalizer Tool v3.0 — 
File Corfgutalion FlfiCcelficients FOTN Signa Mask Definition EQ Response 
© Nenosbend [^ EU Frequency Response 
Fiter Leng: | 32 Save Load Load Mask Bile (dB) [0 al 
© Wideband T EO Impulse Response 


toed f See | Hee | 


Bonde | Bandl 


7700 
| o BE o | 
E zl 


RB 
| al 


Fsi |J | c [UE enr IT P o JT ERE 


Frequency Ris po eo [al 


Frequency (Hz) 


5. Setthe Gain, Q-factor, and Frequencies to meet the specification defined by the mask 
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x| 
Files Corígurebon FIF-Caellicieniz FKTK Signal Mesk Defnbon EG Response 
C. Nanowband TER Frequency Resporse 
Fiter Lorgih: | 32 Save | Load Load | Mark Offset (dB): [70 y Umearsco M 
© wideband [ET T^ EQ Inoule Response 


Load Save Reset 


[-Banil8 —- Bandl3 ^ 


6660 7700 


Frequoncy Respons (dB) 
- e 


Frequency (HZ) 


6. Frequency response of the filter 


E CIR Equalizer Tool v3.0 ani nix 


Fite Corfigualian um 


FIFiCcelficents | FRAT Signa Mesk Definition 


ro FitorLenge: [ 32 Save Load Load | Mask Ofleet (dB). [0 V Eo ia insarscal [7 
Lord | Seve. Resel 
EO || Bend | Ban p Bandi o Bem | Beni) Berd Bard? o Band | Bend) | Bend ; Bondi) - Bardi? | Bed | Bend - Bardló | Ber | Bardi? j Bend ; Bandi 
Fc [ 350 |] 416 45 583 700 832 EEN 1177 1400 [ 1655 1980 2355 2800 [ 3330 3360 [ 4709 5507 [ 5650 7700 
Gain [ 0 | ü D 0 0 [ ü D [] 0 [ 18 41 31 44 J 3 83 41 37 [ 0 D 
20 E Fi E E E El Ex ra E E El E E E Ei E E r E 
= — m all 
ig m g cl Fa rn j rg oS E 
n 
3 


Frequency Response (dB) 


Fresuency (Hz) 


7. Impulse response of the filter 


55 


& 
SPREADTRUM Doc. No: 
Version: V1.1.5 


Confidential Level: 


El FIR Equalizer Tool v3.0 — nix 
Fite Corhgualian FIR Ccelfcents FTX Signal Mask Defirtice EQ Alesponse 
© Nenowbend PIT Het, 
FiterLengtr | 32 Save | Load Load Mask Ofleee (dB), [ 0 EPO NET 
© wideband [xe Eu] IV. EQ Impulse Response 
Laer Se Reset 
p 


[un] Bend! ; Bad? Bard3 Banda Ben Bands Bard? Bandi Band Bendi0 Bendli Bard12 Band13 Bendid — Bandi5 | Bende | Bardi? | Bende ; Bardi9 
ela e e e lo le ea [um [ues [res Piece [a (a [3 [s [os [50 | Peco [7 
Ero EE EE EN EE oo EE o Mo MI o A A Mo MI o MI o MI c MI o M o MI» 
ES ees d Peres N EE ara d ns ad ees eS E ra | SES n EREN est n E PEN [fies P Ps o SES I CES 
E m ad 
(2 (1% E p= 12 (109 0 (2 GE e [rae a 0 fg F j Lg ne pom 
ETA (ESA ESTO EE etl E EEE O E SA E S ER || eet) (TO OH: 
| ez ZE NEN NEM NEN EE NEN ee EE EE NEN (NER | NEN NEN | NEM NEM (NEN NEN | NEN 


Magnitiee 


8. Load, Save and Reset EQ configuration 


El AR Equalizer Tool v3.0 


File: Corgu shon FIF-Caellicieniz FATS Signal Mesk Denton EB Response 
B rs Fiter Length: | 32 Save | Load Load Mack Offset (B): [0 — FE Lima scab [7 
Load Save Rese | 
real r-Bmdl Bard? Bani Bonds Bard5 Bandb Band? Barda Band9 Bendlti Bard!) Bond) 2 Bendl3 Bardl4 Bendis Bandl6 — Bandi Hand! 3 Bandl3 5 
fe || e les le a le [e (of ser le | Poe [3 [3 fame [30 [6 [7 
exe Te T 9 EA EE o fF s HE s HE o E s HESS E E HE 5 Pes far A ES WES. 
aa ns d ert s i ers a Ls a rara e es d a a [ES Lag Ms a pa ES 
- = -— 
(¡102 rS 19 (02 (02 Inm (02 [10% mas [rms rim || "gs |n 4 mg n5 ng 
|| ost | E | let | ost | ef | tet os || ef | let [EA ef [E sse E Lm | ot || l=! NEE isi 
| NEN E EE | NEN WEN (NEN ee WEM (NEN ee ee (NUN REN NENÍ| WEN 
m a M ear N, 
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9. SaveFilter Coefficients in text file 
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»inixi 


File: Corígurebon. FE TR Signal Mesk Denton | EQ Response 
le Nanowband = 3 [^ EG Frequency Resporse 
|e CREE nudis E a | Load | Mask Otse (4B): [0 HER teres Linear scale M 
Load Save Reset 
[ Ed1 — pBandl Bard? r- Banda Bonds — Bard5 T Bandb Band? Bard Bani Bend Bard! Band) r-Bendld Bardl4 Bendl5 Bandl6 ——Bandl? ——Band18 —- Bandl3 5 
Fo [ 350 416 495 539 700 E 980 1177 1400 1665 1980 2355 2800 3330 3950 4708 5600 6560 7700 
[ ü D 0 ü D 0 ü 0 1.9 41 34 44 3 8.3 41 37 0 o 
al n 2) E B B E n al al n a] al n al n E xi El 
p] 
rER e BR [28S (95 (ES ES r [nis [cm g [DES le e "gs rm 1% e 
zl zl E: zl zl 
s NEN HN NEN 


Frequency (Hz) 


Important information: 

Saving the equalizer configuration: 
— XXX.fgq: contains the Q factor, Gain and frequency band, in case you want to load in the future your equalizer 
setting into the tool 
— Automatic savings of the equalizer configuration occurs every minutes. The configuration is saved in the text file 
‘AutomaticSavings.fgq’ in the same folder as the executable of the EQ-GUI. 

Saving the equalizer coefficients : 

— XXX.coef: contains the fixed-point coefficients with format Q3.12 themselves to be loaded into the FIR of the 
VoiceEngine on your platform. The EQ-GUI cannot retrieve the EQ settings back from the coefficients, and thus it is 
important to store the equalizer configuration 

The EQ-GUI detects when coefficients are saturated. An error message is displayed when saving the coefficients. 
When saturation occurs, the coefficients must be rescaled by decreasing the gain. This is compensated with volume 
control or internal digital gains. 

The EQ-GUI checks the format of the input files (sampling rate and mono channel) for the frequency response of 
the speaker or the microphone. An error message is displayed if the format is not correct 

Installation : 

The executable of the EQ-GUI (FIR. equalizer.exe) and the DLLs (Equalizer.dll, AxInterop.MSChart20Lib.dll and 
Interop.MSChart20Lib.dll) must be in the directory. 

The frequency mask can be in a different folder than the executable of the EQ-GUI: 

3GPP. FreqMask RX Handset-Headset  NB.txt 

3GPP  FreqMask RX Handset-Headset WB.txt 

3GPP FreqMask TX Handset-Headset. NB.txt 

3GPP FreqMask TX Handset-Headset WB.txt 

These frequency masks can be modified by the user. 

If the EQ-GUI does not start-up, the OCX control file ‘mschrt20.ocx ' 
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must be installed on the PC: 

— Windows (XP, Vista) 32-bit: 

* Copy the file MSChart20.ocx (included in the delivery package) in 
c:\Windows\System32. 

* With Windows (XP, Vista...), select 'Start->Run' and write 'regsvr32 
MSChart20.ocx and click 'Ok’. 

- Windows7, 64-bit: 

* Copy the file MSChart20.ocx (included in the delivery package) in 
c:\Windows\SysWOW64. 

* Start-up cmd.exe as administrator 

* Run ‘cd c:\Windows\SysWOW64’ 

* Run: ‘regsvr32 MSChart20.ocx' 


3.9  SideTone tuning 


3.9.1 SideTone Switch 


SideTone Off - 


SideTone EQ loff -| 
Sidetone NG | 


ST FIR | 


SideTone: 
Off: Close SideTone 


DSP Digital: Open SideTone path 
SideTone EQ 

Off: Close SideTone EQ 

On: Open SideTone EQ 
STFIR (reserved) 


3.9.2  SideTone NG 


It is recommended to keep these parameters at their default value 
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st ng switch:off / on 
st voice threshold: If the signal level large than the value, The NG didn't effect. Range:0-32767 
st noise threshold: If the signal level smaller than the value, The NG didn't effect. Range:0~32767 
st att NG function atten the noise. Range:0~4096, 20*log(4096/st_att) dB 

4096->0dB 

2048->6dB 

256->24dB 


Sidetone NG 


st ng switch 


Cancel | 
st voice threshold 


st noise threshold 


3.9.1  SideTone Gain 


SPRD supply sideTone gain for sidetone tuning. We can tuning the STMR in each volume level by audiotester tool 
Volume config table. 
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Volume 


.000000 
.000000 
.000000 
.000000 
.000000 
.000000 
.000000 
. 000000 


-9.001887 
-5.999420 
-2.999239 
0.000000 
3.000370 
6.000431 
6.000431 
6.000431 


mim mmo ocooo £g 


1 
e 
3 
4 
5 
5 
ts 
3 


enicn en en cn en en ín ean 
cioooooooo 


Refresh 


3.10 Loopback tuning 


3.10.1 Loopback prameters tuning 


SPRD supply Loopback headset Loopback handset Loopback handsfree loopback AT(Use main mic & 
earphone) 

Loopback parameters tuning is same with voice call in each mode. 

The loopback path is similar with voice call. Only different is buffer delay in loopback mode. 


3.10.2 Loopback delay tuning 


The buffer delay is same in each mode. So SPRD supply tuning interface only in LoopBHandset 
The buffer delay is use for tuning echo when loopback mode. 
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Buffer delay control by 
nv parameters 
Only use for loopack 
: E 


Layerl 


20ms A K 


1 package data Buffü delay 
interface 200ms only for 
delay loopback (fix) 


Product info 


DA Device | ÀD Device | SideTone y 
dl PGA gain | AEC [DSP Digital y]  SideTone EQ [ort - 
Gain 
Downlink ALC | Uplink ALC | Sidetone NG | 
EQ 
Downlink EQ | Uplink EQ | 
DL FIR | UL FIR | ST FIR | 
DL CNG | UL CNG | 
DL delav time [96 *20ns UL delav time|1 *20ms 
{= 
DL Clarity | UL Clarity | 


Command 


Volume control | Volume config | 


Speaker off | y] Mute | y] 


The parameters in NV, audio_arm\audio_arm\Handset\AudioStructure\reserve\reserve[63] 
bit0-7  :Downlink buffer delay 

bit8~15: uplink buffer delay 

default value is 0x160=0b0000 0001 0110 0000 

Downlink buffer delay = 96 

UPlink buffer delay =1 


3.11 VOIP call 


After Android 4.4, the VOIP parameters are in the Audio mode,which use the voice call path. So the tuning option is as 
same as the voice call method. 


61 


& 
SPREADTRUM Doc. No: 
Version: V1.1.5 


Confidential Level: 


The path of VOIP 
In the Audiotester tool, you can debug the parameter like in voice call mode. 


Handset VOIP1 | HandsfreeVOIP1| Headset 4PVOIP1| Headset3PVOIP1| BTHSD8KVOIP| BTHSNRECD8KVOIP | BTHSD16KV(Q* | > 


rChannel Server 


IP Address [127.0.0.1 Port [36666 Connect | 


UART 


Port SPRD LTE DIAG (COM201) v| Baudrate [460800 Disconnect | | 


Get Audio mode information Make call | 
Get Music mode information | Hang up | 


@ SmartPhone C FeaturePhone 


Export 0000000 | 
ptt | Control by DSP 


Select ADB | 
ADB Pull | 


ÀDB Push 


Read audio dsp mode name from phone: 

Execute command successfully! (CMD:  AT4SÀDM-1,27) 
Read audio dsp structrue from ram: 

Execute command successfully! (CMD AT+SADM=2, 27) 


62 


® 
Kee} SPREADTRUM Doc. No: 
Version: V1.1.5 


Confidential Level: 


3.12 differences about wide band 


3.12.1 FIR 


This function is in DSP side. And we only can select one fir filter in voice call uplink path. One is this Tx fir(65 steps), 
the other is Tx fir(32 steps) which in DSP side. A part of parameters are share with two fir filter, So we only can use one 
at the same time. 

We use ARM/DSP Switch to choose ARM fir or DSP fir function. 

0: use Tx fir(32 steps) which in DSP side 

1: use Tx fir(65 steps) which in ARM side 

Below picture is Tx fir(65 steps) interface. We can select each frequency point by mouse and change the gain, 

"Default Fir": Bypass Fir filter, All parameters will be set 0 and the filter will be flat. 

"Refresh Fir":After tuning the Fir filter, Before we click "OK"button, click "Refresh Fir" button first. 

We can use this function when tuning SFR case. 

The IIR filter in wide band path is simliar with narrow band IIR filter. Only different is frequency response range of 

signal receiving is from 200Hz to 8KHz. 
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ARM/DSP Switch M 
Load spec | 
Load original | 
Default Fir | 
Refresh Fir | 


800 1250 2000 3150 


315 i 500 800 1250 2000 3150 5000 


LL ok | Ca 


3.12.2 EQ 


Frequency response range of signal receiving is from 200Hz to 8KHz. 
We can pull the meticulous 
f0: Center Frequency. 


df: bandwidth (the peak value drop 3dB) 
db: boost in dB at central frequency 

Gain: basic gain in dB (all frequency gain) 
Tuning method: 


1.First use IIR filter tuning the SFR performance. 
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2.Then use FIR filter subtle tuning. 


Frequency 


Ox3b29 db 
Ox3fed 


0x0 


0x1000 


1448. 23 Ox1 a82 
2000. 12 Ox35ed 


0x0 


0x1000 


Treble 


£0 Ox3b29 
df Üx3fcd 


db 0x0 


gain 0x1000 
E Treble 


Middle 4000 6000 8000 
| | Bass 


| | Result 
Refresh 
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3.13 Dual-Mic Solution 


r X 
A 


OperatingMode 


Tuning mode 


Input Gain MicÜ [8192 Input Gain Micl [8192 Output Gain 
-NLMS parameters 


NLMS0 LB taps [i0 = NIMSO_IBerl [1568  NIMSO_IB twoalpha 
NLMS0 HB taps [i0 NLMSO_HB erl [1568 ^ NLMS0 HB twoalpha 
NLMS0 preset coefs [1 ^  NLMS0 offset 776 
NLMS1 LB taps [32 NLM51 IB erl [800 — NLMS1 LB twoalpha 
NLMS1 HB taps [32 NLMS1 HB erl [800 = NLMS1 HB twoalpha 
NLMS1 preset coefs fil — —  NLM51 offset 776 


CÀL micPowFloorMin | 1 WgThreshold | 32767 MpThreshold 
FSB taps | 16 FSB twoalpha | 655 FSB ref gain 


GSC taps | 16 GSC twoalpha 1638 GSC erl 
GSC offset [10 


-DENS parameters 
DNNS EchoGammaHi 16384 DNNS EchoGammaLo | 10000 DNNS_EchoAlphaRev | 16000 


DNNS EchoTailPortion [|5000 DNNS Nlàtten | 128 DNNS AcThreshold | 12288 


DNNS GainEta 512 
DNNS NoiseBiasComp 9830 DNNS NoiseGannaS 9830 DNNS NoiseGammaN | 16384 


DNNS WbThreshold | 10240 DNNS NoiseGainMinS | 11000 DNNS NoiseGainMinN | 6000 


DNNS_LostBeamThreshold |400 


PCD beta [230 PCD Threshold [26213 
FSB init table | FSB init tablel | Cancel | 


Input Gain MicO and Input Gain Mic1: Parameters representing the digital gains at the microphone inputs. 


Notes: In Wide band mode, when we tunning the parameters of dual-mic NXP, it must be disable UL Clarity & DL 
Clarity. 
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Headset 4PTD| Headset 3PTD HandsfreeVB| Headset 4PVB| Headset 3PWB| BTHSD8K | BTHSNRECDSK| BrHSI * | >| 
He he 


sound effects - == 
Age Switch Agc ZC Switch Lcf Switch Agc input gain Age start gain |lcf position M 


ap3 [ott >] [ott >] fort >] 0 dB | vdg position |before agc v| 
aidi [ott -] [ott -] [ort -] fo dB eq select [Eo Headset =] 


np4 [ott -] [ort -] [ott -] Shov Graph | EQ Set | 
voice [on -] [ott -] On >» Volume Set | 


agc, hold hc [o ns 
channel sel right [r =] polar right [+ -] agc release [o ms  agc sdelay fo as 


nixer-2 sw Off y 


r Product info 
Dac Set | Path Set | Adc Set | SideTone [ot f +] 
dl PGA gain AEC [External y]  SideTone EQ [ott y] 


- Gain 
Downlink ALC | Uplink ALC | Sidetone NG | 


EQ 
Downlink EQ | ASP | Uplink EQ | 
DL FIR | UL FIR | ST FIR | 
_DLcNG — | | ua | 


AEC [ NXP NXP TX 


NEP EO | NXP RX 
Lommand 


Volune control | Volume config | These can work well 
DO se Mute | =] | | NXP_VOICE Boost_CTL | 


Read audio_dsp mode nane from phone: 

r'ecute command successfully! (CMD: AT+SADM=1.27) 
Read audio dsp structrue from ram: 

kecute command successfully! (CHD: AT+SADM=2.27) 


DL Clarity ~ UL Clarity | 


Output_Gain: Parameter representing the digital gain at the Tx output . 
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Mode 2551 
Mode2"! 0 13/14/6% 32767 13/14/6% 
Tuning_mode 0 
Input, Gain, MicO 0 8192 32767 

Input Gain Mic1 

Output, Gain 

NLMS taps? 

NLMS twoalpha 

NLMS er! 

NLMS, preset coefs 

NLMS offset 

NLMS2 taps? 

NLMS2 twoalpha 

NLMS2 erí'! 

NLMS2 preset coefs 

NLMS2 offset 

Cal micPowFloorMin 0 150 32767 

Wg Threshold 

MpThreshold 

CardioidCompFactor 

CardioidLeakage 


= 


CardioidPrctileFrac sqrt! 27415 


NLMS taps/NLMS2 taps: The number of taps of the adaptive filters NLMS1 and NLMS2 respectively. The number of 
taps should be such that most of the energy of impulse response is covered by the filter. In this case, the NLMS yields 
an echo suppression of 15 to 20dB. Increasing the number of taps will: 

= Increase MIPS load without improving performance 


= Increase the convergence time of the adaptive filter 


NLMS twoalpha/NLMS2 twoalpha: The step sizes to update the coefficients of the adaptive filters NLMS1 and NLMS2 
respectively. It is the trade-off between convergence speed/tracking of acoustical changes and stability of the adaptive filter. High 


values lead to a fast speed of the adaptation. Low values lead to a slow adaptation speed, but a stable adaptive filter. 


NLMS erl/NLMS2 erl: An adaptive step size control parameter to avoid divergence of the adaptive filters during double talk. 
The adaptive step size control slows down the adaptation speed when Pxx<ERL Pr. Here, Pris the estimated power in the residue 
signal, Pxxis the estimated power in the incoming Rx signal after far-end pre-processing and ERL is the inverse of the coupling 
factor. The coupling factor is the ratio between the average power of the echo in the microphone signal and the average power of 
the Rx signal. Choosing a higher NLMS erl/ NLMS2 erl value has positive impact on the stability of the solution. Such a choice 
will stabilize the filter during double talk, and thus, it will improve the quality of the near-end speech during double talk. Too high 


a value will yield a too slow adaptation in case of an acoustic path change. 


NLMS offset/NLMS2 offset: An offset added to the computation of the power Pxx of the incoming Rx-signal to avoid 
that this Pxx converges towards zero when Rx is low. The main reason is that the step size is normalized by the Pxx 
power. 

MpThreshold: A parameter representing the detection threshold of the Mic Power Speech Detector. A low value results in a 


sensitive detection, whereas a high value renders the detection insensitive. 
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CardioidCompFactor: A parameter derived from the microphone distance by 
CompFactor = 344 / (8000 * MicrophoneDistance) 


CardioidLeakage: A parameter representing the leakage term in the trapezoid integrator of the cardioid. 


CardioidPrctileFrac sqrt: A parameter used for the update of the threshold (MpThreshold sqrt). 


FSB init table[2][8] 


o 


table[i][j]-O 65535 -1.0 table[i][j]-0 1.0 


table[0][0]-32767 table[O][0]=1 
FSB_taps : 1 8/16 16 8 16 
FSB twoalpha 0.001 1.0 


FSB ref gain"! 
GSC, taps 
GSC, twoalpha 
GSC er! 
GSC offset 
DNNS EchoGammaHi 
DNNS, EchoGammaLo 


DNNS EchoAlphaRev 0 12000 

DNNS_EchoTailPortion 

DNNS. EchoNlAtten "i 0 256 32767 

DNNS NoiseGammaS 

DNNS NoiseGammaN 0 16384 32767 

DNNS, NoiseGainMinS 

DNNS NoiseGainMinN 0 6554 0.1 


DNNS, NoiseBiasComp 
DNNS, GainEta 

DNNS, AcThreshold 
DNNS_WbThreshold 
DNNS LostBeamThreshold 


12 
0.0625 
3 
2.25 
512/5! 


O |O JO jo |o |o |o |o |o 


FSB init table[2][8] initializes two sets of 8 coefficients of the adaptive filters. These values should be determined for 
the given microphone configuration. 


FSB taps represents the length of the filters to model these acoustical paths. It is recommended to use the default 
value as state in Appendix B. 
Note that if LifeVibes™ NoiseVoid is used for Handset, then FSB taps must be equal to 16 taps. 


FSB twoalpha is the step size to update the coefficients of the adaptive filters. It is the trade-off between convergence 
speed and tracking of acoustic changes and stability of the adaptive filters. High values lead to a faster speed of the 
adaptation. Low values lead to a slow adaptation speed but a stable adaptive filter. It is recommended to use the default 
value as state in Appendix B. 


FSB ref gain (not available in LVNV1.0) represents the gain applied on the samples of the second FSB reference 
signal (fsbref[1]). 
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GSC_taps represents the length of the adaptive filter. This number of taps should be a multiple of 4 and it is 
recommended to use the default value as given in Appendix B. 


GSC_twoalpha is the step size to update the coefficients of the adaptive filter. It is the trade-off between convergence 
speed and tracking of acoustical changes and stability of the adaptive filter. High values lead to a fast speed of the 
adaptation. Low values lead to a slow adaptation speed but a stable adaptive filter. 


GSC erl: To avoid divergence of the adaptive filter during desired speech, the GSC module uses an adaptive step size 
control which slows down the adaptation speed when Pxx«ERL Pr. Here, Pris the estimated power in the residue signal; 
Pxxis the estimated power in the noise reference. In general GSC. erl is lower than the NLMS erl and ranges between 0 
and 30dB. 


GSC offset Is an offset added to the computation of the power Pxx of the noise reference to avoid that this Pxx 
converges towards zero when Rx is low. The main reason is that the step size is normalized by the Pxxpower. To enable 
fast GSC convergence, small values of the offset can be used. 


DNNS EchoAlphaRev: A parameter related to the reverberation time of the acoustical environment. It represents the 
decay in energy over time of the echo tail of the impulse response. Too low values lead to an insufficient suppression of 
tail echoes. Too high values lead ti an over-estimation of the echo tail, resulting in attenuation of near-end speech during 
double talk. 


DNNS EchorTailPortion: A parameter representing the portion of the echo tail (estimated by the NLMS filter) that has 
to be extrapolated in time. As for DNNS_EchoAlphaRev, too low values lead to insufficient suppression of tail echoes 
and high values lead to an over-estimated of the echo tail, resulting in suppression of near-end speech during double 
talk. 


To customize the amount of echo suppression in the different scenarios (far-end-only, double talk, near-end-only), there 
are two subtraction factors defined, which are applied to the estimated echoes in the DES: 
= DNNS EchoGammaHi: factor applied during far-end-only 


* DNNS EchoGammaLo: factor applied during double talk and near-end-only 

Non-linear distortions in the echo path generate high-frequency non-linear echo components that need to be 
suppressed. The amount of non-linear echo suppression can be customized with the parameter DNNS_EchoNlAtten 
(not applicable to LVNV1.0). Too low values will result in high-frequency non-linear echoes. Too high values will 
suppress high-frequency near-end speech during double talk. 

DNNS NoiseGainMinS controls the maximal amount of stationary noise suppression. 


DNNS NoiseGammasS represents the oversubtraction factor in the gain function for the stationary noise suppression. 


DNNS NoiseBiasComp represents the bias-compensation for the stationary noise estimation. 
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DNNS NoiseGainMinN: A parameter controlling the maximal amount of non-stationary noise suppression. 


DNNS NoiseGammaN represents the oversubtraction factor in the gain function for the non-stationary noise 
suppression. 


DNNS GainEta represents the echo subtraction factor to be applied to the estimated non-stationary noise floor. As the 
NLMS filters cannot cancel all the echoes, the estimated non-stationary noise floor can contain residual echo 
components that need to be suppressed to reduce the effect of the echo on the noise estimation. Too low values will 
attenuate the near-end speech during double talk. Too high values will lower the non-stationary noise suppression level. 


DNNS AcThreshold represents the detection threshold for microphone activity. A value too low results in false 
detections of microphone activity (detector is too sensitive), while too high a value makes the detector insensitive. 


DNNS WhbrThreshold represents the detection threshold. A low value results in a wide" beam, making the FSB very 
sensitive, whereas high value makes the FSB insensitive. 


DNNS LostBeamThreshold: A parameter representing the detection threshold. The higher the value, the lower the 
sensitivity. 


PCD beta" (Broadside 
PCD threshold" (Broadside 
PCD alpha" (PCD 

PCD threshold? (PCD 

WB echo ratio"! 
WB_GammaN 

WB LimitNs 


32767 
32767 
32767 
32767 
32767 
32767 
32767 
32767 0 


o jo jo jo jo |o |o |o 


WB IntervalX 


Table 48 Range, fixed-point scaling and default values for parameters of NoiseVoid 
Notes: 
[1]: Stored as ratio of magnitudes (levels): factor 2 equals 6.02 dB 
[2]: Stored as ratio of powers: factor 2 equals 3.01 dB 
[3]: (figure: LVNV1.5, right figure: LVNV1.0/1.1) or (LVNV1.5/LVNV1.1/LVNV1.0) 
[4]: Not applicable to LVNV1.0/1.1 
[5]: Only applicable if LVNV is used on Handset 
[6]: If LVNV is used on Handset the FSB Taps must be equal to 16. 
[7]: not applicable to LVNV 1.0. 
[8]: NLMS taps should be multiple of 4 


PCD beta: A parameter representing the smoothing value for the ICC. The higher the value, the higher the sensitivity. 
PCD threshold: A parameter representing the detection threshold. The higher the value, the lower the sensitivity. 
PCD alpha: A parameter representing the he step size to update the coefficients of the background adaptive filter. It is 


the trade-off between convergence speed/tracking of acoustical changes and stability of the adaptive filter. High values 
lead to a faster speed of the adaptation. Low values lead to a slow adaptation speed but a stable adaptive filter. 
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PCD threshold: A parameter representing the detection threshold. The higher the value, the lower the sensitivity. 
WB GammaN: the over subtraction factor of the noise in the high band. 
WB LimitsNs: the maximum amount of noise suppression in the high band. 


WB IntervalX: the number of frames (of 10 ms or 80 samples) over which the maximum power is searched for the 
estimate of the low-band echo power. It is recommended to keep this parameter at its default value. 


4 Voice Record & Video record (feature phone) 


In feature phone, The record path is same with voice call. And the record file type is ARM or 3GP. The audio part is 
8KHz sample rate. 

Usually we use ALC Voice Clarity IIR filter Digital Gain FIR filter and Analog Gain. 

The tuning method is same with voice call. 


MIC 


FIR 
Arm Mute Voice Clarit IIR Digital E 
store [$] oworr '*] CNG [€] ALC jM ws) me Hi E cu y. y aem — 
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5 Music Playback tuning 


5.1 Block for feature phone 


Vdg (dB) Y F File gain(dB) Codec 
5.2 Block for smart phone 
( VBC } 
Vdg(dB) [CF a File gain (dB) Codec 
H f me u z re > 
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5.3 Block for BT 


5.4 Music play tuning interface 


After open audiotester tool and connect the DUT. We can click "Get music mode information" button,But don't 
forget select smartphone or featurephone first.Then it will load musicplay back parameter from DUT and display the 
parameters in audiotester tool. See below picture. There is 4 mode which introduce in chapter 2.3. And featurphone have 
BT mode, It's use for BT MP3 mode. And only Vdg usable, The other parameters are useless. 
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Settings |Headset | Headfree | Handset Handsfree 


Channel Server 


IP Address 


Port [36666 


—UART- 
Port SPRD DIAG (COM215) v| Baudrate [460800 Disconnect | 
Get Audio mode information | Make call | 
Get Music mode information | Hang up | 


@ SmartPhone C FeaturePhone 
ee eee 
tort | Control by [Pse  — -] 


Select ADB 


ADB Pull 


Execute command successfully! (CMD: AT+SPENHA=1,0) 
Read tunable eq(8800G) structure from ram: 
Execute command successfully! (CMD: AT+SPENHA=1,1,1) 


Clear log | About... | 


5.5 Music play tuning 


5.5.1 Vdg tuning 


Vdg is in the volume table. Beside the Vdg we can see the Vdg switch, The Vdg will not work if Vdg switch off. 
Usually we set the Vdg 0dB, Because this is the first function in VBC, If the input signal level is maximun(OdBfs), We 


can't set plus gain of Vdg, Otherwise the signal will be clipping. 
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Volume level | vds Switch | Vda(dB HP G(dB pac db 


-3.0 0.00 


" + 


5.5.2 Analog Gain tuning 


Analog gain is also in the volume table. PA_G is speaker analog gain used in handsfree mp3 mode, the range 


is -30dB~12dB, the step is 3dB. Too high analog gain will cause high distortion. 


Volume level Vdg Switch | Vda(dB PA G(dB) | G(dB Di db SCIES value 
[-30 — — — [s. 0x801907c 


HP G is ClassAB gain in headset mp3 mode, the range is -33dB-9dB, the step is 3dB. CG1 and CG2 are 
ClassG gain, the range CG1 is -27dB-10.5dB. The step of CG2 is smaller than CG1,which is used for fine tuning. CG1 
and CG2 are showed only in SC2723 PMIC projects. 


0.00 


Volume level | Vdg Switch | Vdg(dB | HP. G(dB | DAC(db Les 16 


5.5.3 LCF tuning 


LCF: Low Cur Filter 
In LCF function , we have two filters for tuning. Usually we set filter 1 for HPF, the other is for LPF. 
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sample rate 


Refresh 


lcf sw jon M 


filter type 


> Refresh :when you change parameter, click Refresh can update Icf curve. 
» Icf sw:LCF switch. 


> f190: the gain of filter 1 at OHZ. 
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> f1_g1: the gain of filter 1 at 22050Hz. 

> f1_fp: filter cutoff frequency(-3dB)(main change f1 fp and f1_g0 when tunning) 
>  12_90: the gain of filter 2 at OHZ. 

> f2_g1: the gain of filter 2 at 22050Hz. 


> f2_fp: filter cutoff frequency(-3dB). 


5.5.4 EQ tuning 


Below picture is the EQ tuning interface of VBC. 

We have 5 band IIR(2 step) filters use for EQ tuning. 

We can see four button (e GF. d? GF )on the top of the picture. The function of four button is same with 
introduce before in chapter 2.4. 

Attention: 

We suggest write parameters to RAM & Flash together. 


Wow he 
eq type untunable - low shelve m 
band nun high shelve 


sanple rate 


master gain 


b o db (518) 
[^ Bandi Mi Band? MB Band? MU Bands Mi Bands Mi Result 
low shelf cutoff Hz Refresh 
high shelf cutoff T | Kz 2 
central frequency PERF 
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EQ Type: 

untunable, The EQ tuning by audiotester tool 

tunable, The EQ tuning by MMI interface in DUT,Useless now. 
1.Center Frequency: each EQ center frequency fo 
2.Width: each EQ bandwidth setting factorQ, Q=f0/Af, Af(bandwidth). 
3.Gain:all frequency gain, default is OdB. 
4.Gain:The gain of each EQ center frequency point. 
5.The type of music play sound effect. 


6.Mast gain: Fixed OdB. 


5.5.5 ALC setting 


The function similar with AGC: To large multiples enlarge the small signal,to small multiples enlarge or not 
enlarge the large signal, to prevent breaking the sound. 
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Alc Set 


-alc 
Alc sw hold 


rise 


Vout(dB) 


fall 
limit 
threshold 


ratio 


Vin(dB) 


B: threshold 


cance! | 


attention: cdBm0 = 0.1dB 


Parameter Chinese Meaning 

Alc sw ALC FRX ALC switch. 

threshold TEREF ASA RO AA E HA, MIA EF 
threshold level EJ EAE SKREE. 


start compress thershold level, if the input signal level larger than 
this vaule the ALC will be effect & compress. 


ratio Heat Et AMET TAE ARM. EXA: 
compress rate i h AAA FR SES J Ee 


compress ratio, The file gain will be auto change when the input 
signal level larger than threshold ,How much gain decrease is 
decided by this parameter (Rate). Rate = arctan(increase of the 
output level /increase of the input level) 


limit Mas Tg ii t HP 
limit level the largest signal level of the ALC output 


attack rate ER 1 CRUS) ERES, MERK, EEN Ta) BG 
attack_rate jT EN] A: AER TAR E BA Al AA 


co 
o 
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ERY [RI 

the larger of the value,the attack time is shorter(coarse 
adjustment) 

the attack time:the time of the signal from uncompressed to 
compressed when the input signal level over the thershold. 


attack rate ex 


eo Pas THK 2 CHUA 
attack_rate 


EREK, ERA, fun Via] GA 

AT AY TA): MA ea A E 81 ia Hs A ell Fi] Y 
A/A); 

same with attack_rate,but it's fine control, 


release_rate 


RETR ZR 1 CUR 
release rate 


FERR, WERK, PETRO BRA; 

FRUTA: MUA E R BT RA TA RINT 
ÎE]; 

the larger of the value,the release time is shorter(coarse 
adjustment) 

the release time:the time of the signal from compressed to 
uncompressed when the input signal level under the thershold. 


release rate ex 


FRENTES 2 CHR) 
release rate 


TERES. WERK, FERA, 

TEUER]: MERE s RC E BR Hs a $2 h A EI ERST 
IH]; 

same with release. rate,but it's fine control 


hold fe TH] FEAR EBC BU 3 d CARE EIS ERST A] 
hold time The hold time before release. 
cg. var fs til] aug] FAY DX a} = il aac ERE 1 GHW), A PR 2 
gain control threshold | (4H iil); 
FAY Xo} = Bile REESE 1 CH, PEDO 2 (M 
Val) 
The parameters use for choose coarse adjustment or fine control 
rise WE (E ESP IRE | UE, IE PRR, 
RE the large of the value, the tracking speed is faster. 
tracking speed of the 
peak value rise 
fall WE (RP Bee IY PR ir | EEK, WEL ER AR: 
VR BE the large of the value, the tracking speed is faster. 
tracking speed of the 
peak value full 
Default parameters: 
Parameters Vaule 
ALC SW On 


[^ SPREADTRUM' 


Doc. No.: 
Version: V1.1.5 
Confidential Level: 


hold 480 
rise 8192 
fall 1278 
limit 0(0dB) 
threshold -30(-3dB) 
ratio 11(degree) 
1cg var 652 
release rate 16 
attack rate 1245 
release rate ex 0 
attack rate ex 98 
5.5.6 file gain 
opie gain |n | | | ë dB 
midi gain |0 dB 
amr gain [0 B 


In feature phone, file gain separated by different music type. 

We separate 3 type :MIDI, AMR, MP3(include other). 

In smart phone, only use mp3 gain use for all type music. 

The file gain is auto changed by ALC function. It's ALC pre-gain. 


5.5.7 Limit 


limit  |0 dB(«-0) 


Make the output signal level smaller than this gain. 


Usually set OdB. 
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5.5.8 APPTYPE 


In feature phone,SPRD supply apptype0-7 or apptype0-15. Each type have same function(LCF EQ ALC 
file gain & limit). It's use for different application. For example. 

Apptype 0 for music play 

Apptype 1 for ringtone(M3) when coming call 

Apptype 2 for Keytone 

We need known the congruent relationship from SW engineer, Because it's decided by SPRD's client. 

In smart phone, We only use apptypeo0 for all type music. 

And use apptype1 for VOIP. And in this case, we only can tune analog gain in volume table. 


Inner PA 


LDO V 3.2V Y : B 
Cancel | 

DTRI F [300kHz y] 

DEMI [enable y] 

classD [classD 7 

LDO [su mode -| 

auto LDO ON Y 


LDO V: voltage output amplitude 
DTRI F: Class D switch frequency 
DEMI: EMI switch 
class D: PA type select 
LDO: power mode 

auto LDO: LDO switch 
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6 Record tuning(Smartphone) 


In smartphone, We support high quality recording(48KHz/44.1 KHz or other sample rate). 
In record path , We can tuning ALC LCF function for sound effect. 


6.1 Record tuning interface 


In music playback tuning interface, We can click the "record dp" button, into record tuning interface. 

There is four button (= P Gm dm )on the top of the interface. In recording mode, we have to write the 
parameters to falsh and record again.Then the parameters will be effect. 

Normal Record: use for voice recording & video recording, 


Linein Record:reserved 


Record 


d) dod 


Click "Normal Record", Enter voice recording & video recording 


record dp 


AutoLevel Control 


Input 


— Analog Gain ——> VEC Gain — 
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6.2 


Parameters introduce 


In voice recording 4 video recording path, We have analog gain, VBC gain ,DP. Input Gain, ALC,EQ,LCF. All of 
function is working at 48KHz sample rate. 

After LCF function, There is SRC(Sample Rate Convert) function, It will change to other sample rate which 
decided by application in Android. 


6.2.1 Analog Gain 


It's a little different in each chip. Check the audio codec part in chip Spec. We will known the gain setting and 
range. 


Analog Gain 


Ànalog gain 24 


6.2.2 VBC Gain 


Switch: 
Off:didn't use digital gain in VBC 
On :Use digital gain in VBC 
D-Gain:The digital gian in VBC Tx path, Range:18~-77dB, default is 6dB 


VBC Gain 


Switch n MEME 


D-Gain [s. 24 = 
[39 7] emen | 


6.2.3 DP Input Gain 


Its ALC input pre-gain, It will be auto changed by ALC function. 
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DP input gain 


DP input gain |6 dB 


Cancel | 


6.2.4 ALC 


It's similer with the ALC function in music playback. And it's same with the ALC function in voice call path. 
But the ALC function has expand function for reduce noise. And it can work at 48KHz sample rate. 


„Para Vout (dB) 

DP SV : DP. limit down 

DP ZC SW ' ' : Expander threshold 
: Compress threshold 

DP sdelay ae 
: DP_limit_up 

DP_limit_up 

COMPRESSOR_threshold |-30 

a 

EXPANDER threshold 

DP limit down 

B 


ander , 


COMPRESSOR attack Eee 


COMPRESSOR hold 

COMPRESSOR release 

EXPANDER attack 

EXPANDER hold 

EXPANDER release ., Compress , 


release 
Note: CdB = 0.1 dB 


Usually we tuning DP limit up Compressor threshold Expander threshold DP. limit down. And the parameters 
meaning is same with ALC which in music playback. 
The other parameters we needn't tuning, It's the best vaule for recording quality. Just use default vaule in above 
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picture. 
62.5 EQ 


The tuning methold & parameters meaning are same with the EQ whichi in music palyback. 
Stereo: 
Off: Mono mic recording 
On: Stereo mic recording(use for future) 
SW: 
Off:EQ function off. 
On:Use function on. 
The other parameters is same with EQ in music palyback. See 4.5.3 
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sample rate 


E 
eA 
E 
- 
5 
[s] 
E 
e 
5 
[s] 
a 
EA 
E 
E 
= 
E 
El 
E 
E 
a 
E 
HH 


HM 4 HM HM HM 
ul m m = m 


11111: 


dB [-80, 30] 


0 


master gain 


6.2.6 LCF 


E 
10 0 
<2 
TG 
$75 
Z 50 
A 
og9pc 
000 
O20 
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jm me he dul 


MM Left channel 


DET E 


EN Right channel 


-fp.l 300 
300 


DP lcf f 


Hz 


—ip.r 


DESICENE 


fo ^ dB 


nes 


_gai 


DP lcf 


FM tuning 


7 


FM tuning include FM playback & FM record parameters. 


In FM playback & record path we have three kinds of Loop (supported from AudioTester_3102 version), i.e 


Line_in-Codec Loop, Line_in-VBC-Codec Loop and Digital FM-VBC-Codec Loop. Shown below: 


p 


Line in-Codec loo 


Line in-VBC-Codec loop 


Digital FM-VBC-Codec loop 
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Normally If the phone just support analog FM(Line_in), and doesn't do processing in VBC, then it is Line_in-Codec 
Loop, or else it is Line_in-VBC-Codec Loop. If it supports digital FM then normally it is Digital FM-VBC-Codec Loop. 
We need to confirm which Loop the phone support before tuning. For example, below is the Line_in-Codec Loop. 

In this picture we can see the FM palyback path & FM record path. 


— jaa 
I \ 
La. : p EARN E= m 
>i R 
111:0dB Earphone 
110:-0.5dB j 
101:-1dB 
100:-1.5dB 
011-2dB ESA 
010:-2.5d8 E 1 
001:-3dB E?! 
000:Mute E 
Q~-3dB 0. 5step Suten mE 
>) DACL [ - ends: 
O DACL PGA 3bi L—» 1 
—: 
—3dB 0. step TA e 
La DAC_R 
O DACR PGA 3bit| EM 
m Y k 
L—» J ) Speal er 
FM playback path i 
Data —>| 
interfac p> 
A L— ` 
(deseria OdB OdB » s ) 
m J | Speaker 
ADCPGAR ADCPGAR 
bit[10:8] bit[13:11] M 
I 
ADC R «QN <A X 
E 
e 0—8. 25dB -6—36dB R 
0. 75dB step 6dB step 
FM record path -— 
PORO EP HeadMICP 
bit[2:0] bit[5:3] u ——— HeadMICN 
N€—— —— 
ADC L << — — 
& E «—— — —| LUAM a | ATV 
0=5. 25dB -6—36dB R 
——— luF 
0. 75dB step 6dB step 00:0dB(20K) i 
i 01:6dB(10K) 
10:12dB(5K) 
11:18dB(2.5K) 
OREA 
TH 


DS 


Below picture shows the parameters of Digital FM-VBC-Codec Loop. We can tune ST gain and Rx_PGA for FM 
playback, and tune DG gain for FM record. 
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- — — ^ useless E useless can not tunning 


pz ihi die DG: digital gain — ST: sidetone gain LCF EQ ALC Limit use MP3 parameters 


8 Voice call parameters save and update 


8.1 Export 


When tuning is satisfied with the results, the parameters can export and generating file, use the Sprd NVEditor tool 
import and save the file to mobile phone, this can used the parameters to all mobile phone and not a tune. 
method: Click«Export^ button, appear the file selection dialog box, select the appropriate path and file name. The default 


file is "nv ". 
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xti: | S Se) 
(RFH (1): [nv parameter value files (*. nv] y] Hit | 


8.2 Import 


Audio Tester support to import a nv file, convenient for user to check and modify. 
Click<Import>button, the file selection dialog will popup, select the file to modified. 


Sia QD: [O niten -| € f&j c¥ 


TA N): [avi tem FTF (0) 
TFM (1): [nv parameter value files (*. nv] -| RK | 


-File information 


File Version : 687986376704. 0 

Created Time:2021-10-12 19:33:04 
Producer Name: trum AudioTester export 
file version 0x0400 


8.3 Nvitem.bin 


Connect the mobile phone LOG line with PC USB, select USB LOG, open NVEditor, select File menu ” open 
project....", select the one with the mobile phone within a program corresponding to the "Nvitem.prj" file. 
Select Facility menu “Import”, select from Audio Tester before tuning the parameters and the export “NV” file. Make the 
Audio call parameters load to the" NV project". 
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E NVEditor 
il 


Ele View [213% Help 
mk Erase flash... | Ctrl+F 


| tem Name | Erase nand flash... 


- a NVite Load NY Values m Project C:\Documents and 5... 


+a bus Module @201010@jinnixu@... 
+ C A Module 
+39 T Modify Functions... ha Module 
+ (13 TO DewnlesaPars "IDaeurmie iE Module 
+ (13 GSM Calibr... C:\Documents and S... Module 
* GSM Down... C:\Documents and 5... Module 
+ GSM nv classmark C:\Documents and 5... Module 
* nv type C:\Documents and S... Module 
+ TD. TIANJI... C:\Documents and 5... Module 
* ProductionParam C:\Documents and 5... Module 


SB D: [O avi ten -| € © ak Ed” 
[s Invitem.ne 


artis QD: [avi tem HH (0) 
TRE (T): m parameter value files (*. nv] y] A | 


File information 


File Version : 687986376704. 0 

Created Time:2021-10-12 19:33:04 
Producer Name: trum AudioTester export 
file version 0x0400 
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Figure 5-4 NV save 


Write parameters to generate a "BIN" file. Select File menu "Save Image", appear dialog box 


File View Help Facility 
New > 


Open Project... cCtrl-Oo 
Save Project Ctrl+S 
Save Project As... 

Close Project 


Port Settings ... 


Load Image 
Load From Phone( Normal Mode ) 
Load From Phone( Boot Mode ) 


Save Image 


Save To Phone 


1 NVitem.prj 
2 NVitem release.prj 
3 NVitem.prj 
4 NVitem.prj 


Exit 


Click “Save Project”, the purpose is to update the files in “Nv project” except for the Bin file. 
Use Downloader tool write “NVitem.bin” to the mobile phone, when you select "NVitem.bin" pay attention to make sure 
the file is just to save audio parameters write to done. 


9 Howto write parameters by audiotester tool 


There is some parameters didn't display in audiotester tool. But the NV file which exported by audiotester 
include all parameters, We can change the NV file first by Notepad. Beyond Compare.Then import the NV file by 
audiotester & write parameters to RAM & Flash. 

Detail methord: 

Connect phoneset witch PC by USB.  Ref:1.1 
Select DIAG port.(1) 

Click "Connect" button.(2) 

Click "Get Audio mode information" button.(3) 
Click "Export" button.(4) 

Save the NV file 


ewm com 
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Settings |Headset | Headfree | Handset | Handsfree 


-Channel Server 


IP Address Port [36666 Connect 
UART 1 2 
Port [SPRD DIAG (COM215) y] Baudrate [460800 E-—J 
Get Audio mode information | 3 Make call | 
Get Music mode information | Hang up 


@ SmartPhone C FeaturePhone 


4 
R) Control by  |DSP - 


Select ADB | 
ADB Pull | 


Execute command successfully! (CMD: AT+SPENHA=1,0) 
Read tunable eq(8800G) structure from ram: 
Execute command successfully! (CMD: AT+SPENHA=1,1,1) 


Clear log | About... | 


7. Open the NV file by Notepad. Beyond Compare & change the parameters which you want. Then save. 
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9. 


RAH FEE FO) ZEV) BN) 
// Export by version: 1.2.3091 


// Spreadtrum AudioTester export file version 0x0400 
/ / nxp structrue dual mic normal asp 


/ / Is Shark Size 


/ / Peinfo length:5 


/ / Peinfo hardware version:SP9630 V1.0.1 
/ / Peinfo software version:4.4.4 

/ / Peinfo itemO:Digital FM=1 

/ / Peinfo item1:FM loop vbc=0 

/ / Peinfo item2:VOIP DSP Pro=1 

/ / Peinfo item3:9620 modem=0 

/ / Peinfo item4:aud codec info=1 


audio\audio\Handset\AudioStructure\dl_DA_device_internal=0x802a 
audio\audio\Handset\AudioStructure\dl_DA_device_external=0x0 
audio\audio\Handset\AudioStructure\ul_AD_device_internal=0x1 
audio\audio\Handset\AudioStructure\ul_AD_device_external=0x0 
audio\audio\Handset\AudioStructure\sidetone_switch=0x0 
audio\audio\Handset\AudioStructure\aec_switch=0x3 
audio\audio\ Handset\AudioStructure\volume_mode=0x2 
audio\audio\Handset\AudioStructure\dl_PGA_gain_ ]=0x9d3 
audio\audio\Handset\AudioStructure\dl_PGA_gain_ h=0x7 
audio\audio\Handset\AudioStructure\ul_PGA_gain_]=0x6 
audio\audio\Handset\AudioStructure\ul_PGA_gain_h=0x0 
audio\audio\Handset\AudioStructure\Sample_rate=0x8 
audio\audio\Handset\AudioStructure\dl_DP_gain=0x1000 
audio\audio\Handset\AudioStructure\dl_DP_attenu=0x1000 


« | "m 


Open the NV file by Notepad. Beyond Compare & change the parameters which you want. Then save. 
Import the NV file which you changed to audiotester tool. 
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Spreadtrum AudioTester lafa] 


Settings Headset | Headfree Handset | Handsfree | BTHS | HeadsetTD HeadfreeTD HandsetTD | HandsfreeTD | 14|» 


ERLEA): |) Her 


¡Channel Server 
IP Address [127.0.0.1 G 


-UART 


Port SPRD DIAG (COM215) 


Select the NV file which you changed 


Get Audio mode information| XÍt&( [festm —— AO) 
SCARE (T): |nv parameter value files (+. nv] y ED 


@ SmartPhone C FeaturePhon 


Get Music mode information 


4 


Export 


Select ADB 


Read audio_dsp structrue from ram: ^ 
Execute command successfully! (CMD: AT+SADM=2,23) El 


Get EQ mode count from phone: 


Exit Clear log | About... 


10. Write the parameter to RAM & Flash See 2.4 
Please take care of the parameter which you changed in whichi mode(Headset headfree handsfree or etc.) 
The audiotester tool only write the current mode parameters to phoneset. 
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n 
Spreadtrum AudioTester. Lo | [mes 


Eu dm 
r sound effects : : z : TE: 

Àgc Switch Age ZC Switch Lcf Switch Age input gain Àgc start gain |lcf position | -] 
mp3 [ott >] fore -] Off y | | vdg position |before asc v 
midi [off +] [ors al Off y eq select EQ Headset v 
mp4 [ors -] fore -] [ort z] Show Graph EQ Set | 
voice [on -] [ors al On v Volume Set 
channel sel left [r -] polar left [+ -] agc attack [o ms agc hold hc [0 ns 
channel sel right [r -] polar right [+ -] agc, release [0 ms  agc sdelay [a mz 


mixer-2 sw Off X 


-Product info 


Dac Set | Path Set | Adc Set | SideTone y 
dl PGA gain | AEC [External y] SideTone EQ loff X 


¿Gain 


Downlink ALC | Uplink ALC | Sidetone NG | 


Q 
Downlink EQ | Uplink EQ | 
UL FIR | ST FIR | 
UL CNG | 


NXP 


= NXP EQ | 
DL Clarity | UL Clarity | 


¡Command 


Volume control | Volume config | 
Speaker off Mute | y] NXP VOICE Boost, CTI | 


Read audio dsp mode name from 
Execute command successfully! AT+SADM=1, 27) 
Read audio_dsp structrue from 
Execute command successfully! AT+SADM=2, 27) 


10 PCM dump 


10.1 Smart phone PCM dump when Voice call & Loopback 


In smart phone, We can dump the PCM data by arm log. And need dumpLogToFiles.exe tool change arm log to 
PCM data. 
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10.2 Smart phone PCM dump when music play 


10.3 Feature phone PCM dump when Voice call & Loopback 


10.4 Feature phone PCM dump when music play 


11 Vocie Call NV Structure 


di DA device I 


ETA 
ULAD device h SNA 


: -- 
: Bee BEN (Default); MAP AWARE, (E 
(E802: DI ERE noes 
OBS S FEEL BST JF 
> bp eK; 
ae i EA EAT, 
Bits: (le EQ FX > 6600M Hi F47 IIREQ, RIHIL 
sidetone switch 1 ME ; 
WI Sar. FIR EQ. 
X 6600M 47%, AUDIOS i-i 
Bit9: fmi CP FX : WUE AMR; "S 
mH MS Fr RC GL cC A 
DEL — Ad T MEER 
: FE dl fir eq; LA SC RERUFIR EQ, WT 
Bit10: MU EQ 463 
: H st fir eq; HEAT A. 


PA PA El E R TS 


di DA device h 


ul AD device ! 


0: XH; ae 

m JT. 6600M/RIHIL 35] Sc 
: "e EN PT AR 
aec switch 1 [n] PS HER d o ELT A RUN USE H al A Reese 
2: PEU; "T à 
ene BUN, RAN ELS A 

3: Shapes; AVC E 

LES PSP: 
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6600L/6800H/6610/6620/8800G 
TILK ACR, MAT 


PRT SUAS ACES tt fai FY VVB REG[110]51] 
dl DP. gain 0-32767 (MIRE 18dB) 

LPR (4096 YI) WB REG[118]ifi;z , 
6530/8810/Tiger/Shark PEA 
d| CNG iSt rPHff] gain. 
MN dl. DP. gain fy (8r, 

BAT SUAS ACEI 26 (5) A I; FH [E] dl. DP. gain, 

dl DP attenu n 0-32767 
Parsee at (4096 H—16) 6530/8810/Tiger/Shark {EA 


dl CNG FERIAK 


di EQ bass apha -32768-32767 


di EQ bass beta T 35 i ds BO ELA -32768~32767 EXI audiotester TALK ial BE 
dl EQ bass gama CIBO -2048~32767 IAEA ih BG 

dl EQ bass gain 0~32767 

di EQ mid apha -32768-32767 

DI EQ mid beta Piri BO ELA -32768-32767 EX audiotester TLR ii BE 
dl_EQ_mid_gama CERME) -2048~32767 DAIRI Ta SEE 0 HH BG 

DI EQ mid gain 0~32767 


dl_EQ treble_alpha -32768-32767 
-32768-32767 iit audiotester THK isi 


-2048~32767 DAR i EH SU HER 2 


di EQ treble beta 


TH) fi e BO ELA 
CAMBO 


dI EQ treble gama 


0-32767 


dl EQ treble gain 


6600L/6800H/6610/6620/8800G 
PEREL MEREN 
24 i VVB_REG[92]#!] 
VVB_REG[100] ffi 


digital_sidetone_gain ERES 0-32767 (MARE 18dB) 


6600L/6800H/6610/6620/8800G 


Ef SS C3 a FA SECUS ET Ae 
ul_DP_gain 6530: (Hg DSP PÆ H tone PARAM | 0-32767 (MA FE 18dB) 24 H VVB_REG2[68]% 
28 WB REG?[76]fifi RE, 


6530/8810/Tiger/Shark HE) 


100 
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tone gain 


EAT ASRS n ae BLK 
6530: (MA DSP PÆ tone HEY 
STEP 


MLH la ul. DP. gain, 
6530/8810/Tiger/Shark "FEJ 


0-32767 


ul DP attenu 
tone gain step 
ul EQ bass alpha -32768~32767 

-32768~32767 1831 audiotester T AOR ipsi 
-2048~32767 VAR T E 00 HH R 
0~32767 


ul_EQ_bass_beta ETA ELA 


CRAE) 


ul_EQ_bass_gama 


ul_EQ_bass_gain 


ul EQ treble alpha -32768-32767 
-32768~32767 1831 audiotester T AOR ja si 
-2048~32767 DAIRI Tia SEE TEC PRU HH R 


0~32767 


ul EQ treble beta -Etr33 fg 28 BO ELA 


CAMBO 


S 


ul EQ treble gama 


ul EQ treble gain 


ULFIR HPF endi 
1 


aec_enable 


Lir FR ibi IBI REX fg FIR ERR 
F% De es de P 


BF AEC H 
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pdelay 


0~160 


" BitO fi EESTI (1/0) 
AEC Ff BA (85 IE EA 6800E rf bit4 žy AD Æ 
i Bit8 fii] PGA MEF C10) CR] 
PGA #MZ IF i 3X 
j + 6600M/R/H/6800E > 


AEC TÍrJ&I IBR dl noise floor 10--80 
AEC FR We AFA peu sd 


AEC FROZEN FX 


di ref HPF enable 


decor filter enable 


fir taps 


Aec frozen ENT 
FNE 4 


FA 


coeff_frozen 


DT_dect_threshold 


Dt_noise_floor 


B; IEEE ERE AY PREP IR 
T ~32767 
KYE 


0 
double talk 4&0) IBR 
s 1732767 
INE 

1 

1 


step size 


-8191 
"32-31 


lee F 
0: SAA ETE 

6600I/ROCKY2/ROCKY3/6600L 1: 7G E38 SA 
A S oe d a il 2: HARE SA 


0: SA FTE 


coeff_norm_shift 


SA ctrl 


TE audio4.3 VI Ja fic Ak 


1: ABE SA TAE 
6610/6620/8800G 


2: IH SA TE 
3: AURI SA ELE 


66001/R/H/6600L/6800H 
double talk HY _ 77 327% 


66001/R/H/6600L/6800H 

IN 32-32767 
H PITI ATEN 

6001/R/H/6600L/6800H 

» , audio4.3 

BET ART TBR 1~32767 

ze send_only_thd 
ENE 4 
66001/R/H/6600L/6800H audio4.3 
FITE J double talk 414217 BR 1-32767 delay_thd 
ERE 4 HEZA Et 12000 
66001/R/H/6600L/6800H 
28 HATE double talk 4141] PR 1-32767 
Wi 4 


HOB THR TBR 1~32767 n 


send-attenu_in_dt 32~32767 


send_attenu_in_rv 


send_threshold 


r2dt_threshold 


s2dt_threshold 


recv_threshold 
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pave 4 audio4.3 


rv only thd 


ZEB TIR FS D APIS BET RR 


Bn40 0-32767 
ERIE 4 
Sa_AR Bit15:bit8 SA_delay 0-111 
PTE 4 signal delay+ SA_delay<=111 
0: RA; 1: ESTIRAR 1k T EH. 
Bit1-0: ETRE HRF VEB 2: EAT PATER 1k TED. 
1k ar BHYEUR As; 3380878 NG 
ng_select 
00: Kl; 01: FITRA BR 1k ni 
Bit9-8: P ITRE IRH PHEW AE; 10: RATER FRYE BR TK 
X8. 1k HUE SS: 
alpha distor V FP BRUE U dS SA -32768~32767 


(audio4.3)rv_thd 
ul ng p1k wPyy a 1-32767 
EZE -450 


(audio4.3)send_thd 
HETE -450 
(audio4.3)cng_def_gain 
EFIE 1024 
(audio4.3)sa_dt 
HEZE 300 
(audio4.3)sa_rv 
HER (5 1200 
(audio4.3)sa count1 
TET E. 3 
(audio4.3)sa count2 
IEEE 4 


(audio4.3)sa count3 


ul ng. pfk wPyy n 


ul ng. p1k holdc 


ul ng p1k ATT 


ul ng. c1k wPyy a 


ul ng. c1k wPyy n 


ul ng. c1k holdc 


ul ng. c1k ATT 
EHAS 
(audio4.3) 
dl_ng_p1k_wPyy_a dl only thd coef[0] 
HEZE 600 
(audio4.3) 


di ng p1k wPyy n dl only thd coef[05] 
HEFE 0 
(audio4.3) 
dl only thd coef[10] 
JETER. 0 
(audio4.3) 


di ng pk holdc 


= 


di_ng_p1k_ATT 
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dl only thd coef[15] 
HEFE 0 
(audio4.3) 
tone_detect_thd 
HEZE 1600 
(audio4.3) 


dl_ng_c1k_wPyy_a 1~32767 


dl_ng_c1k_wPyy_n Fr 1k nir BADE HE Y 0-32767 ref_delay 
HEFHE 64 


(audio4.3) 


dl ng c1k holdc mode index 


Thr 154 2 


(audio4.3) rv. only. sa 
HEZE 1200 


di ng c1k ATT 


AUDIO STRUCTURE DESCRIPTION VALUE RANGE NOTE 


fr FIR. DESTA ITA BL 
Y 6600R/H/I/L A že, AY Foie va em 
WB REG[0— 16] 1 DRE" é -32768~32767 dl_fir_eq_coeff[(0~ 16] 
1%, TABI WR. HILOS 
BOE A by lh Ae see SNe o 
E47 FIR YEW at) TY AR 


> 


XJ 6600R/H//L Ax, FY FR Us t say 


VVB_REG[17—49] 1 POM -32768-32767 ul_fir_eq_coeff[0—32] 
H, MUERA Wok. CAMARA 
Woe H pr th SAR E AE, 
MÈ FIR 2516; 38 AB, X} GGOOR/HIVL £j 
A ALAR ia ei HAR, TA BIA A 
VVB. REG[50—82] d ER ACA TRE gnaga | OPP st _fir_eq_coefff0~32] 
ME Val 
BitO: 3934 FATE E Ab FLT AB IFS 00% 
VVB_REG|83] 1 i m i u clarity switch 
Bitg: 338 E fr HE RBI 13f 
bit15-bit12 
WB REG[B4] 1 bit15 di vad E2273 0 AY O:AEC 44% ER XE NEUES aec coeff frozen 


bit14 di vad FH 0 Æ% 1 BY 1:AEC % 2 frozen 
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pitts — | divad HAE 1 AY | 
bit12 dl_vad 14573 0 fh] | 
bit11-bit8 
bit11 dl_vad 20H) 
O:SA EIRE Z 
bit10 di vad Hi 0 44 1 HT aec sa off 
1: SA HERA AER 
bit9 dl_vad FAN 1 HT 
bit8 di vad Hi 1 2:79 0 It 
bit7-bitO 
bit7 dl vad FEA 0 If 03X A. SA m zi 5 Xe ds fh d a Fa 
Jn USA 
bit6 di vad FH 0 44 1 If aec_sa_in_select 
LA SA BS JE AT BRE TS JS 
i SX MS y T 
bit5 dl_vad FAN 1 E Ea 
bit4 dl_vad 14573 0 Ef 
reserved 
bito: KN 0 WIEP hé AUDIO Zim 
H3,230WORDS, 4 5c F} audio3.0 6600M/R1/H1/R2/H2/66001/6800 #5 NT i 
VE 1 7847 TR AUDIO Jii £85. HO, 
VVB_REG|85] T audio3.0struct flag 
bite: PHP SEMEL AY audios. jj | 6600R3 Be Ay 0X100, 
Heer RENÉ 6600L i 490X101 
VVB. REG[86 St voice threshold 
VVB_REG[87 st_noise_threshold 
VVB_REG[88 st holdc 
VVB REG[89 WERE PAR BSL st_att 
WB REG[90 st zcr. threshold 
VVB_REG[91 st zcr ceil 
VVB_REG[92—100] XT MF VOL 1—9 UU TUSCE aa st dgain 
WB REG[101— 109] XF VOL 1—9 fy DAO AY PGA fü dI_PGAO 
WB REG[1 10~11 8] XT MF VOL 1—9 mp rtr BCS S dl dgain 
XMF VOL 1—9 FY AD PGA (E ul PGA 


WB REG[128— 136] 
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Bit0: Dophin HPF FX 1 0: X RA KA 
Bit1: DC. REMOVE ESTA: VIF; 0: X ERA TTI 
Bit15- Bit: DC. REMOVE 4E shift value (0-15) BON 3 
ul_voice_threshold 
ul. noise threshold 
L4{T ECHONG BARK 
ul. holdc 
ul. att 
0000: OdB, ERA 1.5dB 
ERREF CARM W] VB) Poe 
bit3:bit0: ADO EWM EIER "s MB 
1: 20dB 


o 


ta Er IESUS (20dB) FX 


EREDETE CARM Wèh VB): 


bit 3:bit0: DAC EKERI a Be ELE 


o 


it8:bit4: EL cH AE EA SDS ag Dc P. 
{EL 


0000: 0dB fF 1.5 dB 


1111: -22.5 dB: 


00000: 0dB 


Z5 Wak 


HAIR 


> 


DSP fcr SC LE 


BERAN LR 


RRA FINAS 


bit3-bitO:dl_vad_switch 


bit7-bit4:dl_complex_switch 
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bit11-bit8:dl noise est swtich 


bit15-bit12:dl nr switch 


bit3-bit0:dl dis switch 


bit7-bit4:dl amb, noise est switch 


WB REG2[1] 

bit11-bit8:dl amb eq switch 

bit15-bit12:dl acoustic eq switch 

bit3-bitO:dl drc switch 

bit7-bit4:dl dac limit switch 
VVB_REG2[2] 

bit11-bit8:dl_hpf_set 

bit15-bit12:dl_Ipf_set 

bit3-bit0:ul_vad_switch 

bit7-bit4:ul_complex_switch 
VVB_REG2[3] 

bit11-bit8:ul_noise_est_swtich 

bit15-bit12:ul_nr_switch 

bit3-bitO:ul dis switch 

bit7-bit4:ul amb, noise est. switch 
WB REG2[] 

bit11-bit8:ul amb eq switch 

bit15-bit12: Reserved 

bit 

bit3-bit0:ul drc switch 

bit7-bit4:ul echo. residual swtich 
VVB_REG2[5] 

bit11-bit8:ul hpf set 

bit15-bit12:ul Ipf set 
WB REG2 6 u | no vad cnt thd 
WB REG2[7 ul. min psne 
VVB_REG2[8 ul_max_temp_uamn 
VVB_REG2(9 ul_vad_thd 
VVB_REG2 10] u | active thd 
VVB. REG2 1 1] u | noise thd 
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VVB_REG2[12] 1 ul_max_psne 
VVB_REG2[13] 1 ul_voise_burst 
VVB_REG2[14] 1 ul. noise, tail 
VVB_REG2/15] 1 ul rfilter_delay 
VVB_REG2/16] 1 ul rfilter tail 

WB REG2[17] 1 ul. rfilter 

WB REG2[18] 1 ul dgain 
VVB_REG2[19] 1 ul sim_M 
VVB_REG2[20] 1 ul_sim_fac 

WB REG2[21] 1 ul. dac. lilmit 
WB_REG2[22] 1 ul_ns_factor 
VVB_REG2/23] 1 ul. ns, limit 
WB_REG2[24] 1 ul_ns_up_factor 
WB_REG2[25] 1 ul_dis_snr_thd 
VVB_REG2/26] 1 ul dis band 1k 
VVB_REG2/27] 1 ul. dis limit 
VVB_REG2[28] 1 ul_dre_thd 

WB REG2[29] 1 ul. drc ratio 
VVB_REG2[30] 1 ul drc dstep 

WB REG2[31] 1 ul drc ustep 
VVB_REG2[32] 1 ul drc cnt 
VVB_REG2[33] 1 ul_amb_release 
VVB_REG2[34] 1 ul_amb_attack 
VVB_REG2/35] 1 ul_amb_ndefault 
VVB_REG2[36] 1 ul echo, ns limit 
VVB_REG2[37] 1 d| no vad cnt thd 
VVB_REG2[38] 1 dl_min_psne 

WB REG2[39] 1 d| max temp. uamn 
VVB_REG2[40] 1 dl_vad_thd 
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VVB_REG2[41] 1 dl_active_thd 
VVB_REG2[42] 1 dl_noise_thd 
VVB_REG2[43] 1 dl_max_psne 
VVB_REG2/44] 1 dl_voise_burst 
VVB_REG2[45] 1 dl noise tail 
VVB_REG2[46] 1 dl_rfilter_delay 
VVB_REG2[47] 1 di. filter tail 
VVB_REG2[48] 1 dl rfilter 
VVB_REG2/49] 1 dl_dgain 
VVB_REG2[50] 1 dl_sim_M 
VVB_REG2[51] 1 dl sim fac 
VVB_REG2[52] 1 d| dac limt 
VVB_REG2[53] 1 dl_ns_factor 
VVB_REG2[54] 1 dl ns limit 
VVB_REG2[55] 1 dl ns up factor 
VVB_REG2[56] 1 d| dis snr thd 
WB REG2[57] 1 d| dis band 1k 
VVB_REG2[58] 1 di dis limit 
VVB_REG2[59] 1 di drc thd 
VVB_REG2[60] 1 dl_drc_ratio 
VVB_REG2[61] 1 dl_drc_dstep 
VVB_REG2[62] 1 dl_drc_ustep 
VVB_REG2[63] 1 dl_drc_cnt 

bit15-bit12: downlink path selector 

bit11-bit8:uplink path selector 

MM ' . See the description in detail in 

WB REG?[64] 1 bit7-bit4: custom solution switch eal 

bit3-bitO: the third party solution switch 

ADPATH Bit15-bit14: reserved dl reserved 
VVB_REG2[65] 
CTL Bit13:ADC1 dgain path select 0:ADC data as input of ADC1 DG 
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1:DAC ALC output as input of ADC1 DG 


Bit12:ADCO — dgain path select 


0:ADC data as input of ADCO DG 


1:DAC ALC output as input of ADCO DG 


Bit11-bit10:ADC1 input path select 


00:IIS ADC1 data as input of ADC1 path 
01: IIS ADCO data as input of ADC1 path 


10:Digital TV IIS ADC1 data as input of 
ADC1 path 


11: All zero as input of ADC1 path 


Bit9-bit8:ADCO input path select 


00:IIS ADCO data as input of ADCO path 
01: IIS ADC1 data as input of ADCO path 


10:Digital TV IIS ADCO data as input of 
ADCO path 


11: All zero as input of ADCO path 


DAPATH See SC6530 VBC Module Design 
CTL Specification for the detail 
See SC6530 SPEC for the detail See 
VVB. REG2[66] DADGCTL SC6530 VBC Module Design Specification 
for the detail 
See SC6530 VBC Module Design 
VISEREDABII did Specification for the detail 
VVB_REG2[68—76] 1 MF VOL 19 HI EITA a ul dgain 
WB. REG2[77 —85] 1 XT VOL 1—9 HI DA1 ff] PGA fü di PGA1 
VVB_REG2[86] 1 ALC EIR 0 compress_limit 
VVB_REG2[87] 1 ES 26214 compress_ratio 
VVB_REG2[88] 1 ALC PRHA -400 expand_threshold 
VVB_REG2[89] 1 ALC fel IER -600 expand limit 
VVB REG2[90] 1 ALC F RRE 8192 expand_ratio 
VVB_REG2[91] 1 ZEE pL ES qv TBR 2600 EL2 
VVB_REG2[92] 1 JERE E fh UTER 2600 NEL3 
800/4096 
VVB_REG2[93] 1 WARA ARE Max_EL 


^ 
Li 


EP 
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400 /1024 

VVB_REG2[94] RAKIA EE IR Max_EEL 
d (FRA) 
VVB REG2[95] audio3.0 FARA [el r3) D] RR audio max sa limit 
bit7~bit0: AEC signal delay 0x20 
VVB REG2[96] ul vaq vol. buff] 
bit8: AEC signal delay switch 1 

WB REG2[97] ANR #1 Ge) TBR-P TPR 1 -420 (Oxfe5c) ul vaq a bn set[0] 
VVB_REG2[98] ANR ALAN IER- I BR2 -620(0xfd94) ul vaq a bn set[1] 
VVB_REG2[99] ANR #1) Ge) TBR-P TPR 3 -680(0xfd58) ul vaq a tn set[0] 
VVB_REG2[100] ANR Hii 1 80 ul vaq a tn set[1] 
VVB_REG2[101] ANR Häh 2 30 ul vaq vol. buf[0] 

2000/10000 
VVB_REG2[102] EIRA E Max_echo 

7 CERO 

800/1000 

WB REG2[103] BK AER SAUL S Ad Max_send_LPF_echo 
TIT KE 
0xa18 
VVB_REG2[104] DA i tH B AA a 0-32767 
(-4dB) 


VVB_REG2[105] 


tone_generate_mode 


0:28 3, 11%) 


VVB_REG2[106] 


bito: E47 audio 4.0 FX; 


bit7: tone detect switch 


0. IK 4.0 Wb 1: WIT 4.0 AXE 


KRA 1: HF 

bit12: F47 audio 4.0 FFX 
VVB_REG2[107] reserved for audio 4.0 
VVB_REG2[108] reserved for audio 4.0 
VVB_REG2[109] reserved for audio 4.0 

Bit15: mp3 agc on 0/1 

Bit14: midi agc on 0/1 

Bit13: arm voice alc on 
VVB_REG2[110] Bit12: voice_agc_on 

(mp4_agc_on) 

Bit11: mp3 Icf on 0/1 


Bit10: midi Icf on 


0/1 
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Bit9: Reserved 


Reserved for 


mp4 Icf on 


Serves as switch for Icf on mp4 


in future. 


Bit8: Reserved 


Reserved for 


voice Icf on 


Serves as switch for Icf on voice 


in future. 


1:digital gain added onto the 


output of agc module. 


0: digital gain added onto the 


Bit7: dg gain after agc 01 input of agc module. 
When the vb is controlled by 
arm, digital gain is set by 
bit15-bit9 of armvolum[i] .(i=0-9) 
Bit6- Bit4: Reserved Reserved 
6610/6620 Eq SERE: 
Bit3-Bit0: eq select 0: point to Null 
88006: 1. point to EQ_Headset 
2. point to EQ_Headfree 
Bit3-BitO: ALC MODE 
3. point to EQ_Handset 
0:PEAK 
4. point to EQ Handsfree 
1:RMS 
mp3 agc input gain 
Linear gain: 
WB REG2[111] mp3 A at PE till AP OO 0-32767 X/4096: 
Logarithmic gain(dB): 
20*19(X/4096) 
midi agc input gain 
Linear gain: 
VVB_REG2[112] midi H IIH E ll IA OO. 0-32767 X/4096: 
Logarithmic gain(dB): 


20*19(X/4096) 
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WB REG2[113] 


H mp4 AA 


voice agc input gain 


Imp4 agc input gain 


WB REG2[114] 


E47 ALC ELS ai dott A ACA a 


WB REG2[115] 


voice DP threshold JPR 


-30 


WB REG2[116] 


reserved for audio 4.0 


0/1 {RIVE UE ARTT OS 
Reserved 
ERER: 
0:8000 hz 
1:11025 hz 
VVB_REG2[117] 2:12000 hz 
Md d 3:16000 hz 
6610/6620/6600L6 0-8 
: f 4:22050 hz 
HF 6d 225 Mite 
fria 8j 5:24000 hz 
6:32000 hz 
7:44100 hz 
8:48000 hz 
Bit7- Bit6:Reserved Reserved 
Bit5- Bit0:Poly num 0-63 TÉ URL AL 
Bit15- Bit9: -64 ~ +32 
Key_tone_dg_gain (-48dB ~24dB,0.75dB each step) 
Bit8- Bit2: -64 ~ +32 
WB REG2[118] Music halflevel dg gain (-48dB ~24dB,0.75dB each step) (default:2.25dB) 


mM 3x 
6610/6620/6600L6 


AUT BS Wo 
HT ERA 


Bit1: Reserved 


BitO: 


Is keytone played by receiver 


0/1 


(default:0) 


When headset is out, key tone is 
played by 


O:speaker 1:Receiver 


VVB_REG2[119] 


ERA 
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12 SC7710G Voice Call tuning Notes: 


12.1 SC7710G Voice Call block 


Now inSC7710G, The voice format is WB mode. 


So now only Analog. gian and NXP_WB mode parameters and Sidetone path parameters are working. 


Parameters in Audiotester tool: 
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Spreadtrum AudioTester 


Settings| Headset | Headfree| Handset Handsfree | MP4HFTR| Record| BTHS 


Headset TD| HeadfreeTD| Handset * | >| 


doa dS 


sound effects 


mp3 DEE iy. ORT iy: 


midi |Off y Orio 7 


mp4 Off y Off v 


voice 


DEES IY OEE i. 


Let position | +] 


vdg position |before age 
eq select 


Show Graph 


Type [o y] Volume Set | 


channel sel left [r -] polar left [+ -] agc attack 


0 


mixer-2 sw 


channel sel right [ -] polar right [. zÍ agc release [jj ms 


agc hold hc fo ns 


agc sdelay 


mz 


0 mz 


[ort -] 
-Product info 


Dac Set | Path Set | Adc Set | 
dl PGÀ gain | AEC 


[External al 


SideTone 


ot E 


SideTone EQ loff 


r 


al 


n 
Downlink ALC | 


Uplink ALC | 


Sidetone NG | 


EQ 


Downlink EQ | 
DL FIR | 
DL CNG | 


Uplink EQ | 
UL FIR | 
UL CNG | 


Not working 


ST FIR | 


analog gain NXP WB Sidetone 
parameters are working well 


AEC 


UL Clarity | 
Volume config | 


DL Clarity | 


Volune control | 


Speaker off 


| zl 


NIP WEP TX WB Parameter | 


NXP TX Parameter | 
NXP RX Parameter | 
NXP VOICE Boost_CTL | 


Read audio dsp mode name from 


Execute command successfully! 
Read audio dsp structrue from 
Execute command successfully! 


AT+SADM=1,16) 


AT+SADM=2,16) 


12.2 7710G Analog gain default value 


Please set 0dB for DL. DAC(db) & MicBoost(db),like below figure. 
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Volume 


Vol level | dl st gain(db D1 DÀC(db 


D 
D 
D 
D 
D 
D 
D 
D 
D 


000000 
000000 
000000 
000000 
000000 
000000 
000000 
. 000000 
. 000000 


000000000 


a 
e 
E 
£z 
= 
o 
e 
Ld 
e 
a 
o 


dl PGAO(db 


000000000 
cocococooococcoc 


change this 
gain for RLR 


dl dgain(db) HicBoost(db ul PGAü(db 
D 0 39.00 


coococooococ 


.ü00000 
.ü00000 
.ü00000 
.ü00000 
000000 
000000 
000000 
000000 
000000 


00000000 


default setüdg — | change this 
gain for SLR 


coocoooooooliz 


Refresh 
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.000000 
.000000 
.000000 
.000000 
.000000 
.000000 
.ü00000 
.ü00000 
.ü00000 


